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Harold DeForest Arnold 


HROUGH the death of Harold DeForest 

Arnold on July 10, 1933, the Acoustical 
Society lost a devoted friend, a member of its 
first executive council, and the world lost a man 
of exceptional accomplishments and notable in- 
fluence in scientific research. 

Dr. Arnold was born in Woodstock, Connecti- 
cut, on September 3, 1883. He received the de- 
gree of M.S. from Wesleyan University in 1907 
and that of Ph.D. from the University of Chicago 
in 1911. Wesleyan University also honored him 
with the degree of Sc.D. in 1930. During the 
academic year 1909-1910 he was professor of 
Physics at Mt. Allison University in Sackville, 
N. B. In 1911 he entered the Engineering Depart- 
ment of the Western Electric Company as a 
research physicist. For a number of years he was 
in charge of its research department and in 1925 
with the incorporation of Bell Telephone Labora- 
tories became its Director of Research. 

It is well recognized that experimental and 
applied acoustics entered a new era with the ad- 
vent of high grade electric amplifiers. In the 
development of these Dr. Arnold had a significant 
part. He had been called to the laboratories of the 
Bell Telephone System to undertake the de- 
velopment of electron-discharge repeaters. In 
July, 1912 he had produced a repeater element em- 
ploying a mercury arc which was used commer- 
cially to a limited extent. When his attention was 


called to the ‘“‘audion”’ of Dr. Lee De Forest, he 
recognized its possibilities, although at the time 
it was a crude instrument incapable of being used 
as a repeater in the telephone plant. He there- 
upon undertook the development of this device 
which resulted in the production of the modern 
three-electrode high-vacuum thermionic tube. 
In recognition of this work he was awarded in 
1928 the John Scott medal. 

He early foresaw the wide fields of research in 
acoustics that were to be opened up by this de- 
vice. Using it both as a generator and an ampli- 
fier he, personally, carried out in 1914 a series of 
experiments on the sensitivity of the ear to pure 
tones as related to their pitch, and at that time 
he also outlined a comprehensive program of re- 
searches in speech, music and hearing which since 
have been carried out in Bell Telephone Labora- 
tories. Although most of these researches were 
conducted by men working under his general 
supervision, because of his keen interest in 
acoustical problems he always remained in close 
touch with the work and himself took an active 
part in many of the tests throughout the follow- 
ing years. 

The preceding facts have here been detailed 
because they are of special interest to members 
of the Acoustical Society, but his scientific inter- 
ests extended over a much wider field. As Re- 
search Engineer of the Western Electric Com- 
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pany and Director of Research of Bell Telephone 
Laboratories he had supervision over a great di- 
versity of other researches, including chemistry, 
metallurgy, mechanics, magnetism, optics, elec- 
tronics, mathematics and radio and wire trans- 
mission. Covering such a wide field, they neces- 
sarily required the attention of a large group of 
investigators. Not only did he coordinate and 
broadly plan the work of this group but by con- 
crete suggestions he aided in all its various 
aspects. 

The last few decades have seen the establish- 
ment of many research laboratories within in- 
dustrial organizations. During Dr. Arnold’s 22 
years of association with the Bell Telephone 
System, the Research Department of its Labora- 
tories expanded from a group of a few individuals 
to an organization of over a thousand with an 
extraordinary record of achievement in fields 
relating to the communication arts. His own 
philosophy as to the function and operation of an 
industrial research laboratory is therefore of par- 
ticular value and interest. His attitude is dis- 
closed in part in one of his few published papers 
wherein he said: 


“The fundamental duties of the Research Department 
are to obtain new scientific knowledge which may serve our 
art and to consider ways in which this information may be 
utilized. Of its output inventions are a valuable part, but 
invention is not to be scheduled or coerced: it follows re- 
search through the operation of genius; and the best that 
any department can do to promote it is to provide a suit- 
able environment.... 

“No organization or method of administration can create 
the vital spark of the investigator. It is born in the fibre 
of the individual. It can, however, be encouraged to expres- 
sion; and working in contact with like spirits it gains an 
associated strength that is indomitable. 

“The Research Department, then to fulfill its funda- 
mental duties, is organized and administered with a view 
to fostering the spirit of research in its individual investiga- 
tors, to associating them so that individual and group ex- 
perience may find its most useful expression, and to pro- 
viding the best possible facilities for the materialization of 
their ideas.” 


This quotation does not reveal, however, the 
genius which Dr. Arnold himself possessed for 
bringing about a realization of this philosophy. 
By temperament as well as by personality and 
intellectual powers, he was peculiarly fitted to 
obtain confidence and cooperation. A brief asso- 
ciation with him would convince one that his 


judgments in scientific matters were unprejudiced 
and sound. He was so adept at analyzing a prob- 
lem and stating its fundamentals that little time 
was wasted in arguments. So great also was his 
zeal for fundamentals that he would frequently 
spend a great deal of time in a discussion which 
appeared to relate to simple details of a problem 
but which would later prove to have been fruit- 
ful in revealing new points of view or a more eco- 
nomical procedure. He never appeared to be 
hurried but wasted neither his own nor his asso- 
ciates’ time in senseless discussions. 

Although his own direct contributions to many 
investigations in his department were far reach- 
ing and important he kept back his own name; 
and with two or three exceptions, these researches 
are known, as he wished them to be, by the names 
of those who conducted them. It was his nature 
to hold himself in the background with respect 
to all the work which he had in charge. 

Dr. Arnold’s influence in determining the 
whole point of view of the large group of scientists 
working under his direction, and his unusually 
broad and liberal attitude with respect to re- 
search and the research scientist is revealed with 
brilliant clarity in his Lowell Institute lecture on 
January 5, 1932: 


‘“‘We must not for a moment forget that research is in its 
very essence individualistic; for only by keeping this con- 
stantly in mind can we understand and evaluate its con- 
duct, its results, and its significance. 

“Nor must we fall into the very common confusion which 
fails to distinguish clearly between research itself and the 
tools which it uses. Research is of the mind and not of the 
hands, a concentration of thought and not a process of 
experimentation,—whose special pride, indeed, is to bend 
the simplest tools to new uses, and whose real interest is 
not in the skill of the performer, but in the meaning of the 
performance. 

“‘Research is not constructing and manipulating; it is not 
observing and accumulating data; it is not merely investi- 
gating or experimenting; it is not ‘getting the facts’; al- 
though each of these activities may play an indispensable 
part in it. Research is the effort of the mind to comprehend 
relationships which no one has previously known. And in its 
finest exemplifications it is practical as well as theoretical; 
trending always toward worthwhile relationships; demand- 
ing common sense as well as uncommon ability.” 

“|. . First of all we must have the questing spirit—the 
mind that fastens to the solid ground of established fact 
with a grasp so firm that it holds securely while reaching 
out for unknown and untried positions, yet so light that it 
swings on unhampered and unrestrained as soon as the new 
footing is found. This mind must be bold, curious, unbeliev- 
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ing, iconoclastic; perhaps not too scornful of our present 
accepted beliefs, yet always eager for a different and better 
view. Sure but light in its trend, it is always on treacherous 
ground, but never lets itself be unbalanced into an abyss. 

“Then we must have the analytical mind to survey the 
new ground as it is won. This is far more a believing mind. 
It sums up the knowledge and beliefs of the past and will 
not budge from its established ground until firmly con- 
vinced that there is real advantage in doing so. 

‘And at the last we must have the mind of the husband- 
man that moves into the new territory with all the skill and 
machinery of research and engineering, and checks and 
measures and cultivates all the possibilities of the new 
ground. 

“These are the three requirements: the spirit to adven- 
ture, the wit to question, and the wisdom to accept and use. 
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Few men can lay claim to those three in any superlative 
degree, but any successful research man must have all to 
some degree; and he must bring them all to bear on each 
new problem which he undertakes. 

“The essence of organized research as we visualize it is 
to give a greater freedom, a surer ground, a wider field, a 
more constructive expression to these types of mind.” 


Like many great educators, he was granted the 
opportunity to mould the minds and habits of 
many men whose work he guided and directed. 
He built a monument which will live on in these 
men, and in the research organization which he 
led and inspired. 
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Loudness, Its Definition, Measurement and Calculation 


HARVEY FLETCHER AND W. A. Munson, Bell Telephone Laboratories 
(Received August 28, 1933) 


INTRODUCTION 


OUDNESS is a psychological term used to 
describe the magnitude of an auditory sen- 
sation. Although we use the terms ‘‘very loud,” 
“loud,’’ ‘‘moderately loud,” “‘soft’’ and ‘‘very 
soft,’’ corresponding to the musical notations 
ff, f, mf, p, and pp, to define the magnitude, it is 
evident that these terms are not at all precise 
and depend upon the experience, the auditory 
acuity, and the customs of the persons using 
them. If loudness depended only upon the in- 
tensity of the sound wave producing the loudness, 
then measurements of the physical intensity 
would definitely determine the loudness as sensed 
by a typical individual and therefore could be 
used as a precise means of defining it. However, 
no such simple relation exists. 

The magnitude of an auditory sensation, that 
is, the loudness of the sound, is probably de- 
pendent upon the total number of nerve impulses 
that reach the brain per second along the 
auditory tract. It is evident that these auditory 
phenomena are dependent not alone upon the 
intensity of the sound but also upon their 
physical composition. For example, if a person 
listened to a flute and then to a bass drum placed 
at such distances that the sounds coming from 
the two instruments are judged to be equally 
loud, then, the intensity of the sound at the ear 
produced by the bass drum would be many 
times that produced by the flute. 

If the composition of the sound, that is, its 
wave form, is held constant, but its intensity at 
the ear of the listener varied, then the loudness 
produced will be the same for the same intensity 
only if the same or an equivalent ear is receiving 
the sound and also only if the listener is in the 
same psychological and physiological conditions, 
with reference to fatigue, attention, alertness, 
etc. Therefore, in order to determine the loudness 
produced, it is necessary to define the intensity 
of the sound, its physical composition, the kind of 


ear receiving it, and the physiological and 
psychological conditions of the listener. In most 
engineering problems we are interested mainly in 
the effect upon a typical observer who is in a 
typical condition for listening. 

In a paper during 1921 one of us suggested 
using the number of decibels above threshold as a 
measure of loudness and some experimental data 
were presented on this basis. As more data were 
accumulated it was evident that such a basis for 
defining loudness must be abandoned. 

In 1924 in a paper by Steinberg and Fletcher! 
some data were given which showed the effects of 
eliminating certain frequency bands upon the 
loudness of the sound. By using such data as a 
basis, a mathematical formula was given for 
calculating the loudness losses of a sound being 
transmitted to the ear, due to changes in the 
transmission system. The formula was limited in 
its application to the particular sounds studied, 
namely, speech and a sound which was generated 
by an electrical buzzer and called the test tone. 

In 1925 Steinberg? developed a formula for 
calculating the loudness of any complex sound. 
The results computed by this formula agreed 
with the data which were then available. How- 
ever, as more data have accumulated it has been 
found to be inadequate. Since that time con- 
siderably more information concerning the 
mechanism of hearing has been discovered and 
the technique in making loudness measurements 
has advanced. Also more powerful methods for 
producing complex tones of any known compo- 
sition are now available. For these reasons and 
because of the demand for a loudness formula of 
general application, especially in connection with 
noise measurements, the whole subject was 
reviewed by the Bell Telephone Laboratories and 


1H. Fletcher and J. C. Steinberg, Loudness of a Complex 
Sound, Phys. Rev. 24, 306 (1924). 

2J. C. Steinberg, The Loudness of a Sound and Its 
Physical Stimulus, Phys. Rev. 26, 507 (1925). 
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LOUDNESS, ITS DEFINITION, 
the work reported in the present paper under- 
taken. This work has resulted in better experi- 
mental methods for determining the loudness 
level of any sustained complex sound and.a 
formula which gives calculated results in agree- 
ment with the great variety of loudness data 


which are now available. 


DEFINITIONS 


The subject matter which follows necessitates 
the use of a number of terms which have often 
been applied in very inexact ways in the past. 
Because of the increase in interest and activity in 
this field, it became desirable to obtain a general 
agreement concerning the meaning of the terms 
which are most frequently used. The following 
definitions are taken from recent proposals of 
the sectional committee on Acoustical Measure- 
ments and Terminology of the American Stand- 
ards Association and the terms have been used 
with these meanings throughout the paper. 


Sound intensity 


The sound intensity of a sound field in a 
specified direction at a point is the sound energy 
transmitted per unit of time in the specified 
direction through a unit area normal to this 
direction at the point. 

In the case of a plane or spherical free pro- 
gressive wave having the effective sound pressure 
P (bars), the velocity of propagation ¢ (cm per 
sec.) in a medium of density p (grams per cubic 
cm), the intensity in the direction of propagation 
is given by 


J = P?/pc (ergs per sec. per sq. cm). 


(1) 


This same relation can often be used in practice 
with sufficient accuracy to calculate the intensity 
at a point near the source with only a pressure 
measurement. In more complicated sound fields 
the results given by this relation may differ 
greatly from the actual intensity. 

When dealing with a plane or a spherical 
progressive wave it will be understood that the 
intensity is taken in the direction of propagation 
of the wave. 


Reference intensity 


The reference intensity foy intensity level 
comparisons shall be 10-'© watts per square 
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centimeter. In a plane or spherical progressive 
sound wave in air, this intensity corresponds to a 
root-mean-square pressure p given by the formula 


p=0.000207[ (1/76) (273/T)!}} (2) 


where p is expressed in bars, // is the height of the 
barometer in centimeters, and TJ is the absolute 
temperature. At a temperature of 20°C and a 
pressure of 76 cm of Hg, p=0.000204 bar. 


Intensity level 


The intensity level of a sound is the number of 
db above the reference intensity. 


Reference tone 


A plane or spherical sound wave having only a 
single frequency of 1000 cycles per second shall 
be used as the reference for loudness comparisons. 


Note: One practical way to obtain a plane or 
spherical wave is to use a small source, and to 
have the head of the observer at least one meter 
distant from the source, with the external con- 
ditions such that reflected wa‘es are negligible as 
compared with the original eave at the head of 
the observer. 








Loudness level 


The loudness level of anygsound shall be the 
intensity level of the equallygioud reference tone 
at the position where the lis#ner’s head is to be 
placed. 


Manner of listening to the sgund 


In observing the loudnegs of the reference 
sound, the observer shall faq’ the source, which 
should be small, and listen fith both ears at a 
position so that the distance Brom the source to a 
line joining the two ears is ofe meter. 

The value of the intensity slevel of the equally 
loud reference sound depend upon the manner 
of listening to the unknown sdund and also to the 
standard of reference. The ménner of listening to 
the unknown sound may be cynsidered as part of 
the characteristics of that sotind. The manner of 
listening to the reference sdund is as specified 
above. 


Loudness has been briefly defined as the 
magnitude of an auditory sensation, and more 
will be said about this later, but it will be seen 
from the above definitions that the loudness level 
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of any sound is obtained by adjusting the 
intensity level of the reference tone until it 
sounds equally loud as judged by a typical 
listener. The only way of determining a typical 
listener is to use a number of observers who have 
normal hearing to make the judgment tests. The 
typical listener, as used in this sense, would then 
give the same results as the average obtained by a 
large number of such observers. 

A pure tone having a frequency of 1000 cycles 
per second was chosen for the reference tone for 
the following reasons: (1) it is simple to define, (2) 
it is sometimes used as a standard of reference for 
pitch, (3) its use makes the mathematical for- 
mulae more simple, (4) its range of auditory 
intensities (from the threshold of hearing to the 
threshold of feeling) is as large and usually larger 
than for any other type of sound, and (5) its 
frequency is in the mid-range of audible fre- 
quencies. 

There has been considerable discussion con- 
cerning the choice of the reference or zero for 
loudness levels. In many ways the threshold of 
hearing intensity for a 1000-cycle tone seems a 
logical choice. However, variations in this thresh- 
old intensity arise depending upon the individual, 
his age, the manner of listening, the method of 
presenting the tone to the listener, etc. For this 
reason no attempt was made to choose the 
reference intensity as equal to the average 
threshold of a given group listening in a pre- 
scribed way. Rather, an intensity of the reference 
tone in air of 10~ watts per square centimeter 
was chosen as the reference intensity because it 
was a simple number which was convenient as a 
reference for computation work, and at the same 
time it is in the range of threshold measurements 
obtained when listening in the standard method 
described above. This reference intensity corre- 
sponds to the threshold intensity of an observer 
who might be designated a reference observer. 
An examination of a large series of measure- 
ments on the threshold of hearing indicates that 
such a reference observer has a hearing which is 
slightly more acute than the average of a large 
group. For those who have been thinking in 
terms of microwatts it is easy to remember that 
this reference level is 100 db below one micro- 
watt per square centimeter. When using these 
definitions the intensity level 8, of the reference 
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tone is the same as its loudness level LZ and is 
given by 
B,=L=10 log J,+100, (3) 


where J, is its sound intensity in microwatts per 
square centimeter. 

The intensity level of any other sound is given 
by 


7 


B=10 log J-+100, (4) 


where J is its sound intensity, but the loudness 
level of such a sound is a complicated function of 
the intensities and frequencies of its components. 
However, it will be seen from the experimental 
data given later that for a considerable range of 
frequencies and intensities the intensity level and 
loudness level for pure tones are approximately 
equal. 

With the reference levels adopted here, all 
values of loudness level which are positive 
indicate a sound which can be heard by the 
reference observer and those which are negative 
indicate a sound which cannot be heard by such 
an observer. 

It is frequently more convenient to use two 
matched head receivers for introducing the 
reference tone into the two ears. This can be done 
provided they are calibrated against the con- 
dition described above. This consists in finding 
by a series of listening tests by a number of 
observers the electrical power W, in the receivers 
which produces: the same loudness as a level 8; 
of the reference tone. The intensity level 8, of an 
open air reference tone equivalent to that 
produced in the receiver for any other power W, 
in the receivers is then given by 


6,=Bi1+10 log (W,/W,). (5) 


Or, since the intensity level 8, of the reference 
tone is its loudness level L, we have 


L=10 log W,+C,, (6) 


where C, is a constant of the receivers. 

In determining loudness levels by comparison 
with a reference tone there are two general classes 
of sound for which measurements are desired: 
(1) those which are steady, such as a musical 
tone, or the hum from machinery, (2) those 
which are varying in loudness such as the noise 
from the street, conversational speech, music, 
etc. In this paper we have confined our discussion 
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to sources which are steady and the method of 
specifying such sources will now be given. 

A steady sound can be represented by a finite 
number of pure tones called components. Since 
changes in phase produce only second order 
effects upon the loudness level it is only necessary 
to specify the magnitude and frequency of the 
components.** The magnitudes of the com- 
ponents at the listening position where the 
loudness level is desired are given by the in- 
tensity levels 81, B2, --- Bx, --+* Bx of each com- 
ponent at that position. In case the sound is 
conducted to the ears by telephone receivers or 
tubes, then a value W, for each component must 
be known such that if this component were 
acting separately it would produce the same 
loudness for typical observers as a tone of the 
same pitch coming from a source at one meter’s 
distance and producing an intensity level of B,. 

In addition to the frequency and magnitude of 
the components of a sound it is necessary to 
know the position and orientation of the head 
with respect to the source, and also whether one 
or two ears are used in listening. The monaural 
type of listening is important in telephone use 
and the binaural type when listening directly to a 
sound source in air. Unless otherwise stated, the 
discussion and data which follow apply to the 
condition where the listener faces the source and 
uses both ears, or uses head telephone receivers 
which produce an equivalent result. 


FORMULATION OF THE EMPIRICAL THEORY FOR 
CALCULATING THE LOUDNESS LEVEL OF 
A STEADY COMPLEX TONE 


It is well known that the intensity of a 
complex tone is the sum of the intensities of the 
individual components. Similarly, in finding a 
method of calculating the loudness level of a 
complex tone one would naturally try to find 
numbers which could be related to each com- 
ponent in such a way that the sum of such 
numbers will be related in the same way to the 
equally loud reference tone. Such efforts have 
failed because the amount contributed by any 


* Recent work by Chapin and Firestone indicates that 
at very high levels these second order effects become large 
and cannot be neglected. 

3K. E. Chapin and F. A. Firestone, Interference of Sub- 
jective Harmonics, J. Acous. Soc. Am. 4, 176A (1933). 
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component toward the total loudness sensation 
depends not only upon the properties of this 
component but also upon the properties of the 
other components in the combination. The 
answer to the problem of finding a method of 
calculating the loudness level lies in determining 
the nature of the ear and brain as measuring 
instruments in evaluating the magnitude of an 
auditory sensation. 

One can readily estimate roughly the magni- 
tude of an auditory sensation; for example, one 
can tell whether the sound is soft or loud. There 
have been many theories to account for this 
change in loudness. One that seems very reason- 
able to us is that the loudness experienced is 
dependent upon the total number of nerve 
impulses per second going to the brain along all 
the fibres that are excited. Although such an 
assumption is not necessary for deriving the 
formula for calculating loudness it aids in making 
the meaning of the quantities involved more 
definite. 

Let us consider, then, a complex tone having n 
components each of which is specified by a value 
of intensity level 8, and of frequency f;. Let N be 
a number which measures the magnitude of the 
auditory sensation produced when a typical 
individual listens to a pure tone. Since by 
definition the magnitude of an auditory sensation is 
the loudness, then N is the loudness of this simple 
tone. Loudness as used here must not be confused 
with loudness level. The latter is measured by the 
intensity of the equally loud reference tone and is 
expressed in decibels while the former will be 
expressed in units related to loudness levels in a 
manner to be developed. If we accept the 
assumption mentioned above, N is proportional 
to the number of nerve impulses per second 
reaching the brain along all the excited nerve 
fibers when the typical observer listens to a 
simple tone. 

Let the dependency of the loudness N upon the 
frequency f and the intensity 8 for a simple tone 
be represented by 


N=G(f, B), (7) 


where G is a function which is determined by any 
pair of values of f and 8. For the reference tone, f 
is 1000 and 8 is equal to the loudness level L, so 
a determination of the relation expressed in Eq. 
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(7) for the reference tone gives the desired 
relation between loudness and loudness level. 

If now a simple tone is put into combination 
with other simple tones to form a complex tone, 
its loudness contribution, that is, its contribution 
toward the total sensation, will in general be 
somewhat less because of the interference of the 
other components. For example, if the other 
components are much louder and in the same 
frequency region the loudness of the simple tone 
in such a combination will be zero. Let 1—b be 
the fractional reduction in loudness because of 
its being in such a combination. Then O0N is the 
contribution of this component toward the loud- 
ness of the complex tone. It will be seen that b by 
definition always remains between 0 and unity. 
It depends not only upon the frequency and 
intensity of the simple tone under discussion but 
also upon the frequencies and intensities of the 
other components. It will be shown later that this 
dependence can be determined from experimental 
measurements. 

The subscript k will be used when f and £6 
correspond to the frequency and intensity level of 
the kth component of the complex tone, and the 
subscript r used when f is 1000 cycles per second. 
{The “loudness level” L by definition, is the 
intensity level of the reference tone when it is 
adjusted so it and the complex tone sound 
equally loud. Then 


k=n k=n 


N,=G(1000, L) = > b.N.=>d 5:G(fi, Bx). (8) 


k=1 k=1 


Now let the reference tone be adjusted so that it 
sounds equally loud successively to simple tones 
corresponding in frequency and intensity to each 
component of the complex tone. 

Designate the experimental values thus de- 
termined as 1, Lo, L3, +--+ Li, +++ Ln. Then from 
the definition of these values 


N;.=G(1000, Li.) =G(fi, Bx), (9) 


since for a single tone }, is unity. On substituting 
the values from (9) into (8) there results the 
fundamental equation for calculating the loud- 
ness of a complex tone 


k=n 


G(1000, L) = > 5,.G(1000, L;). (10) 
k=1 
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This transformation looks simple but it is a very 
important one since instead of having to de- 
termine a different function for every com- 
ponent, we now have to determine a single 
function depending only upon the properties of 
the reference tone and as stated above this 
function is the relationship between loudness and 
loudness level. And since the frequency is always 
1000 this function is dependent only upon the 
single variable, the intensity level. 

This formula has no practical value unless we 
can determine }, and G in terms of quantities 
which can be obtained by physical measure- 
ments. It will be shown that experimental meas- 
urements of the loudness levels Z and L; upon 
simple and complex tones of a properly chosen 
structure have yielded results which have enabled 
us to find the dependence of 6 and G upon the 
frequencies and intensities of the components. 
When 0 and G are known, then the more general 
function G(f, 8) can be obtained from Eq. (9), 
and the experimental values of L; corresponding 
to f;, and B,. 


DETERMINATION OF THE RELATION BETWEEN 
ia Si AND Bi 

This relation can be obtained from experi- 
mental measurements of the loudness levels of 
pure tones. Such measurements were made by 
Kingsbury‘ which covered a range in frequency 
and intensity limited by instrumentalities then 
available. Using the experimental technique 
described in Appendix A, we have again obtained 
the loudness levels of pure tones, this time 
covering practically the whole audible range.* 

All of the data on loudness levels both for pure 
and also complex tones taken in our laboratory 
which are discussed in this paper have been 
taken with telephone receivers on the ears. It 
has been explained previously how telephone 
receivers may be used to introduce the reference 
tone into the ears at known loudness levels to 
obtain the loudness levels of other sounds by a 
loudness balance. If the receivers are also used 
for producing the sounds whose loudness levels 
are being determined, then an additional cali- 


4B. A. Kingsbury, A Direct Comparison of the Loudness 
of Pure Tones, Phys. Rev. 29, 588 (1927). 

*See Appendix B for a comparison with Kingsbury's 
results. 
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bration, which will be explained later, is neces- 
sary if it is desired to know the intensity levels of 
the sounds. 

The experimental data for determining the 
relation between L, and f;, are given in Table I in 
terms of voltage levels. (Voltage level = 20 log V, 
where V is the e.m.f. across the receivers in 
volts.) The pairs of values in each double column 
give the voltage levels of the reference tone and 
the pure tone having the frequency indicated at 
the top of the column when the two tones coming 
from the head receivers were judged to be 
equally loud when using the technique described 
in Appendix A. For example, in the second 
column it will be seen that for the 125-cycle tone 
when the voltage is +9.8 db above 1 volt then 
the voltage level for the reference tone must be 
4.4 db below 1 volt for equality of loudness. The 
bottom set of numbers in each column gives the 
threshold values for this group of observers. 

Each voltage level in Table I is the median of 
297 observations representing the combined 
results of eleven observers. The method of 
obtaining these is explained in Appendix A also. 
The standard deviation was computed and it was 
found to be somewhat larger for tests in which 
the tone differed most in frequency from the 
reference tone. The probable error of the com- 
bined result as computed in the usual way was 
between 1 and 2 db. Since deviations of any one 
observer's results from his own average are less 
than the deviations of his average from the 
average of the group, it would be necessary to 
increase the size of the group if values more 
representative of the average normal ear were 
desired. 

The data shown in Table I can be reduced to 
the number of decibels above threshold if we 
accept the values of this crew as the reference 
threshold values. However, we have already 
adopted a value for the 1000-cycle reference zero. 
As will be shown, our crew obtained a threshold 
for the reference tone which is 3 db above the 
reference level chosen. 

It is not only more convenient but also more 
reliable to relate the data to a calibration of the 
receivers in terms of physical measurements of 
the sound intensity rather than to the threshold 
values. Except in experimental work where the 
intensity of the sound can be definitely con- 
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trolled, it is obviously impractical to measure 
directly the threshold level by using a large 
group of observers having normal hearing. For 
most purposes it is more convenient to measure 
the intensity levels 8:, Be, --- By, etc., directly 
rather than have them related in any way to the 
threshold of hearing. 

In order to reduce the data in Table I to those 
which one would obtain if the observers were 
listening to a free wave and facing the source, we 
must obtain a field calibration of the telephone 
receivers used in the loudness comparisons. The 
calibration for the reference tone frequency has 
been explained previously and the equation 


8, =B1+10 log (W,/W,) (5) 


derived for the relation between the intensity 8, 
of the reference tone and the electrical power W, 
in the receivers. The calibration consisted of 
finding by means of loudness balances a power W, 
in the receivers which produces a tone equal in 
loudness to that of a free wave having an 
intensity level 8). 

For sounds other than the 1000-cycle reference 
tone a relation similar to Eq. (5) can be derived, 
namely, 


B=8,+10 log (W/W), (11) 


where 8; and W, are corresponding values found 
from loudness balances for each frequency or 
complex wave form of interest. If, as is usually 
assumed, a linear relation exists between 8 and 10 
log W, then determinations of 8; and W, at one 
level are sufficient and it follows that a change in 
the power level of A decibels will produce a 
corresponding change of A decibels in the 
intensity of the sound generated. Obviously the 
receivers must not be overloaded or this as- 
sumption will not be valid. Rather than depend 
upon the existence of a linear relation between 8 
and 10 log W with no confirming data, the 
receivers used in this investigation were cali- 
brated at two widely separated levels. 

Referring again to Table I, the data are 
expressed in terms of voltage levels instead of 
power levels. If, as was the case with our 
receivers, the electrical impedance is essentially a 
constant, Eq. (11) can be put in the form: 


B=B1+20 log (V/V1) (12) 
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or 


B=20 log V+C, (13) 


where V is the voltage across the receivers and C 
is a constant of the receivers to be determinéd 
from a calibration giving corresponding values of 
8, and 20 log Vi. The calibration will now be 
described. 

By using the sound stage and the technique of 
measuring field pressures described by Sivian 
and White® and by using the technique for 
making loudness measurements described in 
Appendix A, the following measurements were 
made. An electrical voltage V; was placed across 
the two head receivers such that the loudness 
level produced was the same at each frequency. 
The observer listened to the tone in these head 
receivers and then after 13 seconds silence 
listened to the tone from the loud speaker 
producing a free wave of the same frequency. 
The voltage level across the loud speaker neces- 
sary to produce a tone equally loud to the tone 
from the head receivers was obtained using the 
procedure described in Appendix A. The free 
wave intensity level 8; corresponding to this 
voltage level was measured in the manner de- 
scribed in Sivian and White’s paper. Threshold 
values both for the head receivers and the loud 
speaker were also observed. In these tests eleven 
observers were used. The results obtained are 
given in Table II. In the second row values of 20 
log Vi, the voltage level, are given. The intensity 
levels, 6:1, of the free wave which sounded 
equally loud are given in the third row. In the 
fourth row the values of the constant C, the 
calibration we are seeking, are given. The voltage 
level added to this constant gives the equivalent 
free wave intensity level. In the fifth, sixth and 
seventh rows, similar values are given which 
were determined at the threshold level. In the 
bottom row the differences in the constants 
determined at the two levels are given. The fact 
that the difference is no larger than the probable 
error is very significant. It means that through- 
out this wide range there is a linear relationship 
between the equivalent field intensity levels, 8, 
and the voltage levels, 20 log V, so that the 
formula (13) 


5 L. J. Sivian and S. D. White, Minimum Audible Sound 
Fields, J. Acous. Soc. Am. 4, 288 (1933). 
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8=20 log V+C 


can be applied to our receivers with considerable 
confidence. 

The constant C determined at the high level 
was determined with greater accuracy than at 
the threshold. For this reason only the values for 
the higher level were used for the calibration 
curve. Also in these tests only four receivers were 
used while in the loudness tests eight receivers 
were used. The difference between the efficiency 
of the former four and the latter eight receivers 
was determined by measurements on an artificial 
ear. The figures given in Table II were corrected 
by this difference. The resulting calibration curve 
is that given in Fig. 1. It should be pointed out 
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Fic. 1. Field calibration of loudness balance receivers.* 
(Calibration made at L=60 db.) 


here that such a calibration curve on a single 
individual would show considerable deviations 
from this average curve. These deviations are 
real, that is, they are due to the sizes and shapes 
of the ear canals. 

We can now express the data in Table I in 
terms of field intensity levels. To do this, the 
data in each double column were plotted and a 
smooth curve drawn through the observed 
points. The resulting curves give the relation 
between voltage levels of the pure tones for 
equality of loudness. From the calibration curve 
of the receivers these levels are converted to 
intensity levels by a simple shift in the axes of 
coordinates. Since the intensity level of the 
reference tone is by definition the “loudness 
level,’’ these shifted curves will represent the 

* The ordinates represent the intensity level in db of a 
free wave in air which, when listened to with both ears in 
the standard manner, is as loud as a tone of the same 
frequency heard from the two head receivers used in the 


tests when an e.m.f. of one volt is applied to the receiver 
terminals, 
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loudness level of pure tones in terms of intensity 
levels. The resulting curves for the ten tones 
tested are given in Figs. 2A to 2J. Each point on 
these curves corresponds to a pair of values in 
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Fic. 2. (A to J) loudness levels of pure tones. 
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Table I except for the threshold values. The 
results of separate determinations by the crew 
used in these loudness tests at different times are 
given by the circles. The points represented by 
(*) are the values adopted by Sivian and White, 
It will be seen that most of the threshold points 
are slightly above the zero we have chosen. This 
means that our zero corresponds to the thresholds 
of observers who are slightly more acute than the 
average. 

From these curves the loudness level contours 
can be drawn. The first set of loudness level 
contours are plotted with levels above reference 
threshold as ordinates. For example, the zero 
loudness level contour corresponds to points 
where the curves of Figs. 2A to 2J intersect the 
abscissa axis. The number of db above these 
points is plotted as the ordinate in the loudness 
level contours shown in Fig. 3. From a con- 
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Fic. 3. Loudness level contours. 


sideration of the nature of the hearing mechanism 
we believe that these curves should be smooth. 
These curves, therefore, represent the best set of 
smooth curves which we could draw through the 
observed points. After the smoothing process, 
the curves in Figs. 2A to 2J were then adjusted to 
correspond. The curves shown in these figures are 
such adjusted curves. 

In Fig. 4 a similar set of loudness level contours 
is shown using intensity levels as ordinates. 
There are good reasons’ for believing that the 
peculiar shape of these contours for frequencies 


above 1000 c.p.s. is due to diffraction around the | 


head of the observer as he faces the source of 
sound. It was for this reason that the smoothing 
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Fic. 4. Loudness level contours. 
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. (A and B) loudness levels of pure tones. 


process was done with the curves plotted with 
the level above threshold as the ordinate. 

From these loudness level contours, the curves 
shown in Figs. 5A and 5B were obtained. They 
show the loudness level vs. intensity level with 
frequency as a parameter. They are convenient 
to use for calculation purposes. 

It is interesting to note that through a large 
part of the practical range for tones of frequencies 
from 300 c.p.s. to 4000 c.p.s. the loudness level is 
approximately equal to the intensity level. From 
these curves, it is possible to obtain any value of 
L,. in terms of 8, and fy. 

On Fig. 4 the 120-db loudness level contour has 
been marked ‘‘Feeling.’’ The data published by 
R. R. Riesz® on the threshold of feeling indicate 
that this contour is very close to the feeling point 
throughout the frequency range where data have 
been taken. 


DETERMINATION OF THE LOUDNESS FUNCTION G 


In the section “Formulation of the Empirical 
Theory for Calculating the Loudness of a Steady 
Complex Tone,” the fundamental equation for 
calculating the loudness level of a complex tone 
was derived, namely, 


k=n 


G(1000, L)=¥ b,G(1000, Z,). —(10) 


k=1 


If the type of complex tone can be chosen so that 
b, is unity and also so that the values of L, for 
each component are equal, then the fundamental 
equation for calculating loudness becomes, 


G(L)=nG(Lx), (14) 


where v is the number of components. Since we 
are always dealing in this section with G(1000, L) 
or G(1000, L,), the 1000 is left out in the above 
nomenclature. If experimental measurements of 
L corresponding to values of L; are taken for a 
tone fulfilling the above conditions throughout 
the audible range, the function G can be de- 
termined. If we accept the thory that, when two 
simple tones widely separated in frequency, act 
upon the ear, the nerve terminals stimulated by 


6 R.R. Riesz, The Relationship Between Loudness and the 
Minimum Perceptible Increment of Intensity, J. Acous. Soc. 
Am. 4, 211 (1933). 
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In this curve the ordinates give the loudness 
levels when one ear is used while the abscissae 
give the corresponding loudness levels for the 
same intensity level of the tone when both ears 
are used for listening. If binaural verses monaural 
loudness data actually fit into this scheme of 
calculation these points should be represented by 
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Any one of these curves which was accurately 

determined would be sufficient to completely 
determine the function G. 

For example, consider the curve for two tones. 

J. de ar oie It is evident that it is only necessary to deal with 

LOUDNESS LEVEL OF EACH COMPONENT- 08 relative values of G so that we can choose one 

Fic. 6. Complex tones having components widely separated value arbitrarily. The value of G(0) was chosen 
in frequency. equal to unity. Therefore, 


G(0) =1, 

each are at different portions of the basilar G(y,)=2G(0) =2 
membrane, then we would expect the interference where yo corresponds to x=0, 
of the loudness of one upon that of the other . 
would be negligible. Consequently, for such a G(y1 = 2G(x1) = 2G(y0) = 4 
combination 6 is unity. Measurements were made where y: corresponds to x1= yo, 
upon two such tones, the two components being G(y2) =2G(xe) =2G(y1) =8 
equally loud, the first having frequencies of 1000 where y2 corresponds to x2= 4), 
and 2000 cycles and the second, frequencies of G( yx) = 2G (xx) = 2G (yes) = 21 
125 and 1000 cycles. The observed points are 
shown along the second curve from the top of where y;, corresponds to x: = Yr-1. 
Fig. 6. The abscissae give the loudness level L;. of 
each component and the ordinates the loudness 
level L of the two components combined. The 
equation G(y)=2G(x) should represent these 
data. Similar measurements were made with a 
complex tone having 10 components, all equally 
loud. The method of generating such tones is 
described in Appendix C. The results are shown 
by the points along the top curve of Fig. 6. The 
equation G(y)=10G(x) should represent these 
data except at high levels where 0}; is not unity. 

There is probably a complete separation be- 
tween stimulated patches of nerve endings when 
the first component is introduced into one ear 
and the second component into the other ear. 
In this case the same or different frequencies can 
be used. Since it is easier to make loudness 
balances when the same kind of sound is used, 
measurements were made (1) with 125-cycle 
tones (2) with 1000-cycle tones and (3) with Fic. 7. Relation between loudness levels listening with 
4000-cycle tones. The results are shown on Fig. 7. one ear and with both ears. 





LOUDNESS LEVEL OF COMBINED TONES-0B 








is ES ES 


a een 


ee 


wes ——— a 


Se 


In this way a set of values for G can be obtained. 
A smooth curve connecting all such calculated 
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points will enable one to find any value of G(x) 
for a given value of x. In a similar way sets of 
values can be obtained from the other two 
experimental curves. Instead of using any one of 
the curves alone the values of G were chosen to 
best fit all three sets of data, taking into account 
the fact that the observed points for the 10-tone 
data might be low at the higher levels where 5 
would be less than unity. The values for the 
function which were finally adopted are given in 
Table III. From these values the three solid 
curves of Figs. 6 and 7 were calculated by the 
equations 


G(y)=10G(x),  G(y)=2G(x),  G(y) = 2G). 


The fit of the three sets of data is sufficiently 
good, we think, to justify the point of view taken 
in developing the formula. The calculated points 
for the 10-component tones agree with the 
observed ones when the proper value of 0), is 
introduced into the formula. In this connection 
it is important to emphasize that in calculating 
the loudness level of a complex tone under the 
condition of listening with one ear instead of 
two, a factor of 4 must be placed in front of 
the summation of Eq. (10). This will be explained 
in greater detail later. The values of G for nega- 
tive values of L were chosen after considering all 
the data on the threshold values of the complex 
tones studied. These data will be given with the 
other loudness data on complex tones. It is 
interesting to note here that the threshold data 
show that 10 pure tones, which are below the 
threshold when sounded separately, will combine 


to give a tone which can be heard. When the 
components are all in the high pitch range and 
all equally loud, each component may be from 
6 to 8 db below the threshold and the combina- 
tion will still be audible. When they are all in 
the low pitch range they may be only 2 or 3 db 
below the threshold. The closeness of packing of 
the components also influences the threshold. 
For example, if the ten components are all 
within a 100-cycle band each one may be down 
10 db. It will be shown that the formula proposed 
above can be made to take care of these vari- 
ations in the threshold. 

There is still another method which might be 
used for determining this loudness function G(L), 
provided one’s judgment as to the magnitude of 
an auditory sensation can be relied upon. If a 
person were asked to judge when the loudness of 
a sound was reduced to one-half it might be 
expected that he would base his judgment on 
the experience of the decrease in loudness when 
going from the condition of listening with both 
ears to that of listening with one ear. Or, if the 
magnitude of the sensation is the number of 
nerve discharges reaching the brain per second, 
then when this has decreased to one-half, he 
might be able to say that the loudness has de- 
creased one-half. 

In any case, if it is assumed that an observer 
can judge when the magnitude of the auditory 
sensation, that is, the loudness, is reduced to 
one-half, then the value of the loudness function 
G can be computed from such measurements. 

Several different research workers have made 
such measurements. The measurements are some- 
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what in conflict at the present time so that they 
did not in any way influence the choice of the 
loudness function. Rather we used the loudness 
function given in Table III to calculate what 
such observations should give. A comparison of 
the calculated and observed results is given 
below. In Table IV is shown a comparison of 


TABLE IV. Comparison of calculated and observed fractional 
loudness (Ham and Parkinson). 








350 cycles 
Fractional reduc- 
tion in loudness 

















S L G Cal. % Obs. % 
74.0 85 25,000 100 100.0 
70.4 82 19,800 79 83.0 
67.7 79 15,800 63 67.0 
64.0 75 11,400 46 49.0 
59.0 70 7,950 32 35.0 
54.0 65 5,870 24 26.0 
44.0 53 2,680 11 15.0 
34.0 41 1,100 4 8.0 
59.5 71 8,510 100 100.0 
57.7 69 7,440 87 92.0 
55.0 66 6,240 73 77.0 
49.0 59 4,070 48 57.0 
44.0 53 2,680 31 38.0 
39.0 47 1,780 21 25.0 
34.0 41 1,060 12 13.0 
24.0 29 324 4 6.0 

1000 cycles 
86.0 86 27,200 100 100.0 
82.4 82 19,800 73 68.0 
79.7 80 17,100 63 53.0 
76.0 76 12,400 46 41.0 
71.0 71 8,510 31 26.0 
66.0 66 6,420 24 20.0 
56.0 56 3,310 12 13.0 
46.0 46 1,640 6 8.0 
56.0 56 3,310 100 100.0 
54.2 54 2,880 87 93.4 
51.5 52 2,510 76 74.6 
48.8 49 2,070 62 55.0 
46.0 46 1,640 49 40.9 
41.0 41 1,060 32 24.5 
36.0 36 675 20 10.8 
2500 cycles 
74.0 69 7,440 100 100.0 
70.4 64 5,560 75 86.4 
67.7 62 4,950 67 68.1 
64.0 58 3,820 51 49.5 
59.0 53 2,680 36 32.8 
54.0 48 1,920 26 23.3 
44.0 39 890 12 13.0 
34.0 30 360 5 6.7 
44.0 39 890 100 100.0 
42.2 37 740 83 94.6 
39.5 36 675 76 82.2 
36.8 33 505 57 61.1 
34.0 30 360 41 46.0 
29.0 26 222 25 27.8 
24.0 21 113 13 14.9 
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calculated and observed results of data taken by 
Ham and Parkinson.’ The observed values were 
taken from Tables 1a, 1b, 2a, 2b, 3a and 3b of 
their paper. The calculation is very simple. 
From the number of decibels above threshold § 
the loudness level LZ is determined from the 
curves of Fig. 3. The fractional reduction is just 
the fractional reduction in the loudness function 
for the corresponding values of L. The agreement 
between observed and calculated results is re- 
markably good. However, the agreement with 
the data of Laird, Taylor and Wille is very poor, 
as is shown by Table V. The calculation was 
made only for the 1024-cycle tone. The observed 
data were taken from Table VII of the paper by 
Laird, Taylor and Wille.* As shown in Table V 
the calculation of the level for one-fourth re- 
duction in loudness agrees better with the ob- 
served data corresponding to one-half reduction 
in loudness. 


TABLE V. Comparison of calculated and observed fractional 
loudness (Laird, Taylor and Wille). 








Cal. level 





Original Level for } loudness for } 
loudness reduction loudness 
level Cal. Obs. reduction 
100 92 76.0 84 
90 82 68.0 73 
80 71 60.0 60 
70 58 49.5 48 
60 50 40.5 41 
50 42 31.0 34 
40 33 21.0 27 
30 25 14.9 20 
20 16 6.5 13 
10 7 5.0 + 











Firestone and Geiger reported some prelimi- 
nary values which were in closer agreement with 
those obtained by Parkinson and Ham, but their 
completed paper has not yet been published.* 
Because of the lack of agreement of observed 
data of this sort we concluded that it could not 
be used for influencing the choice of the values 
of the loudness function adopted and shown in 


7L. B. Ham and J. S. Parkinson, Loudness and Intensity 
Relations, J. Acous. Soc. Am. 3, 511 (1932). 

8 Laird, Taylor and Wille, The Apparent Reduction in 
Loudness, J. Acous. Soc. Am. 3, 393 (1932). 

® This paper is now available. P. H. Geiger and F. A. 
Firestone, The Estimation of Fractional Loudness, J. Acous. 
Soc. Am. 5, 25 (1933). 
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LOUDNESS; ITS DEFINITION, 
Table III. It is to be hoped that more data of 
this type will be taken until there is a better 
agreement between observed results of different 
observers. It should be emphasized here that 
changes of the level above threshold correspond- 
ing to any fixed increase or decrease in loudness 
will, according to the theory outlined in this 
paper, depend upon the frequency of the tone 
when using pure tones, or upon its structure 
when using complex tones. 


DETERMINATION OF THE FORMULA FOR 
CALCULATING ), 


Having now determined the function G for all 
values of L or L; we can proceed to find methods 
of calculating b,. Its value is evidently dependent 
upon the frequency and intensity of all the other 
components present as well as upon the com- 
ponent being considered. For practical computa- 
tions, simplifying assumptions can be made. In 
most cases the reduction of }, from unity is 
principally due to the adjacent component on 
the side of the lower pitch. This is due to the 
fact that a tone masks another tone of higher 
pitch very much more than one of lower pitch. 
For example, in most cases a tone which is 100 
cycles higher than the masking tone would be 
masked when it is reduced 25 db below the level 
of the masking tone, whereas a tone 100 cycles 
lower in frequency will be masked only when it 
is reduced from 40 to 60 db below the level of 
the masking tone. It will therefore be assumed 
that the neighboring component on the side of 
lower pitch which causes the greatest masking 
will account for all the reduction in b,. Desig- 
nating this component with the subscript m, 
meaning the masking component, then we have 
b, expressed as a function of the following 
variables. 


b= B(fx, Suns Sk; Sin) 


where f is the frequency and S is the level above 
threshold. For the case when the level of the kth 
component is 7 db below the level of the masking 
component, where 7 is just sufficient for the 
component to be masked, then the value of 0 
would be equal to zero. Also, it is reasonable to 
assume that when the masking component is at 
a level somewhat less than 7 db below the &th 
component, the latter will have a value of }, 


(15) 
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which is unity. It is thus seen that the funda- 
mental of a series of tones will always have a 
value of b, equal to unity. 

For the case when the masking component and 
the kth component have the same loudness, the 
function representing 6; will be considerably 
simplified, particularly if it were also found to 
be independent of f;, and only dependent upon 
the difference between f;, and fn». From the 
theory of hearing one would expect that this 
would be approximately true for the following 
reasons: 

The distance in millimeters between the po- 
sitions of maximum response on the basilar 
membrane for the two components is more 
nearly proportional to differences in pitch than 
to differences in frequency. However, the peaks 
are sharpest in the high frequency regions where 
the distances on the basilar membrane for a 
given Af are smallest. Also, in the low frequency 
region where the distances for a given Af are 
largest, these peaks are broadest. These two 
factors tend to make the interference between 
two components having a fixed difference in 
frequency approximately the same regardless of 
their position on the frequency scale. However, 
it would be extraordinary if these two factors 
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Fic. 8. Loudness levels of complex tones having ten equally 
loud components 50 cycles apart. 
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just balanced. To test this point three complex 
tones having ten components with a common 
Af of 50 cycles were tested for loudness. The 
first had frequencies of 50—100—150---500, the 
second 1400—1450---1900, and the third 3400— 
3450---3900. The results of these tests are 
shown in Fig. 8. The abscissae give the loudness 
level of each component and the ordinates the 
measured loudness level of the combined tone. 
Similar results were obtained with a complex 
tone having ten components of equal loudness 
and a common frequency difference of 100 cycles. 
The results are shown in Fig. 9. It will be seen 
that although the points corresponding to the 
different frequency ranges lie approximately 
upon the same curve through the middle range, 
there are consistent departures at both the high 
and low intensities. If we choose the frequency of 
the components largely in the middle range then 
this factor }) will be dependent only upon Af 
and Ly. 

To determine the value of 5 for this range in 
terms of Af and Ly, a series of loudness measure- 
ments was made upon complex tones having ten 
components with a common difference in fre- 
quency Af and all having a common loudness 
level L,. The values of Af were 340, 230, 112 and 
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Fic. 9. Loudness levels of complex tones having ten equally 
loud components 100 cycles apart. 


FLETCHER AND W. A. 


MUNSON 









































LOUONESS LEVEL OF 10 COMPONENTS-DB 


© FREQUENCY DIFFERENCE = 340 
“ 


20 -— YA —_, * 5 — 
x “ “ = "2 
| . ” u = 50 
; Feseaer & 
° | 
“10° 0 10 20 #30 40 #50 60 70 #60 9 


LOUONESS LEVEL OF SINGLE COMPONENT -0B 




















Fic. 10. Loudness levels of complex tones having ten 
equally loud components with a fundamental frequency 
of 1000 c.p.s. 


56 cycles per second. The fundamental for each 
tone was close to 1000 cycles. The ten-component 
tones having frequencies which are multiples of 
530 was included in this series. The results of 
loudness balances are shown by the points in 
Fig. 10. 

By taking all the data as a whole, the curves 
were considered to give the best fit. The values 
of b were calculated from these curves as 
follows: 

According to the assumptions made above, the 
component of lowest pitch in the series of com- 
ponents always has a value of 5; equal to unity. 
Therefore for the series of 10 components having 
a common loudness level L;, the value of L is 
related to L; by 


G(L) = (1+9b,)G(Lx) 
or by solving for , 


b, =(1/9)[G(L)/G(Lx) —1]. (16) 


The values of 5; can be computed from this 
equation from the observed values of L and Li 
by using the values of G given in Table III. Be- 
cause of the difficulty in obtaining accurate 
values of L and L; such computed values of ; 
will be rather inaccurate. Consequently, con- 
siderable freedom is left in choosing a simple 
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Fic. 11. Loudness factor Q. 


formula which will represent the results. When 
the values of b,. derived in this way were plotted 
with 5, as ordinates and Af as abscissae and L, 
as a variable parameter then the resulting graphs 
were a series of straight lines going through the 
common point (—250, 0) but having slopes de- 
pending upon L;. Consequently the following 
formula 


b. =[(250+Af)/1000]O(L:) (17) 


will represent the results. The quantity Af is the 
common difference in frequency between the 
components, L; the loudness level of each com- 
ponent, and Q a function depending upon L,. 
The results indicated that Q could be represented 
by the curve in Fig. 11. 

Also the condition must be imposed upon this 
equation that b is always taken as unity whenever 
the calculation gives values greater than unity. 
The solid curves shown in Fig. 10 are actually 
calculated curves using these equations, so the 
comparison of these curves with the observed 
points gives an indication of how well this equa- 
tion fits the data. For this series of tones Q could 
be made to depend upon §,; rather than L, and 
approximately the same results would be ob- 
tained since 6, and L; are nearly equal in this 
range of frequencies. However, for tones having 
low intensities and low frequencies, 8; will be 
much larger than L; and consequently Q will be 
smaller and hence the calculated loudness smaller. 
The results in Figs. 8 and 9 are just contrary to 
this. To make the calculated and observed results 
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agree with these two sets of data, Q was made to 
depend upon 


x=8+30 log f—95 


instead of L;. 

It was found when using this function of 8 and 
f as an abscissa and the same ordinates as in 
Fig. 10, a value of Q was obtained which gives 
just as good a fit for the data of Fig. 10 and also 
gives a better fit for the data of Figs. 8 and 9. 
Other much more complicated factors were tried 
to make the observed and calculated results 
shown in these two figures come into better agree- 
ment but none were more satisfactory than the 
simple procedure outlined above. For purpose of 


calculation the values of Q are tabulated in 
Table VI. 


TABLE VI. Values of Q(X). 








X 








0 1 2 a + 5 6 7 8 9 

0 5.00 4.88 4.76 4.64 4.53 4.41 4.29 4.17 4.05 3.94 

10 3.82 3.70 3.58 3.46 3.35 3.33 3.11 2.99 2.87 2.76 
20 2.64 2.52 2.40 2.28 2.16 2.05 1.95 1.85 1.76 1.68 
30 1.60 1.53 1.47 1.40 1.35 1.30 1.25 1.20 1.16 1.13 
40 1.09 1.06 1.03 1.01 0.99 0.97 0.95 0.94 0.92 0.91 
50 0.90 0.90 0.89 0.89 0.88 0.88 0.88 0.88 0.88 0.88 
60 0.88 0.88 0.88 0.88 0.88 0.88 0.88 0.89 0.89 0.90 
70 0.90 0.91 0.92 0.93 0.94 0.96 0.97 0.99 1.00 1.02 
80 1.04 1.06 1.08 1.10 1.13 1.15 1.17 1.19 1.22 1.24 
90 1.27 1.29 1.31 1.34 1.36 1.39 1.41 1.44 1.46 1.48 
100 1.51 1.53 1.55 1.58 1.60 1.62 1.64 1.67 1.69 1.71 





Note: X¥ =6,.+30 log f, —95. 





There are reasons based upon the mechanics of 
hearing for treating components which are very 
close together by a separate method. When they 
are close together the combination must act as 
though the energy were all in a single component, 
since the components act upon approximately the 
same set of nerve terminals. For this reason it 
seems logical to combine them by the energy law 
and treat the combination as a single frequency. 
That some such procedure is necessary is shown 
from the absurdities into which one is led when 
one tries to make Eq. (17) applicable to all cases. 
For example, if 100 components were crowded 
into a 1000-cycle space about a 1000-cycle tone, 
then it is obvious that the combination should 
sound about 20 db louder. But according to 
Eq. (10) to make this true for values of L; greater 
than 45, b, must be chosen as 0.036. Similarly, for 
10 tones thus crowded together L—L, must be 
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about 10 db and therefore 6, =0.13 and then for 
two such tones L —L;. must be 3 db and the cor- 
responding value of 6, =0.26. These three values 
must belong to the same condition Af=10. It is 
evident then that the formulae for }b given by 
Eq. (17) will lead to very erroneous results for 
such components. 

In order to cover such cases it was necessary to 
group together all components within a certain 
frequency band and treat them as a single com- 
ponent. Since there was no definite criterion for 
determining accurately what these limiting bands 
should be, several were tried and ones selected 
which gave the best agreement between com- 
puted and observed results. The following band 
widths were finally chosen: 

For frequencies below 2000 cycles, the band 
width is 100 cycles; for frequencies between 2000 
and 4000 cycles, the band width is 200 cycles; for 
frequencies between 4000 and 8000 cycles, the 
band width is 400 cycles; and for frequencies be- 
tween 8000 and 16,000 cycles, the band width is 
800 cycles. If there are k components within one 
of these limiting bands, the intensity J taken for 
the equivalent single frequency component is 
given by 


T=D 1,=¥ 108/10, (18) 


A frequency must be assigned to the combination. 
It seems reasonable to assign a weighted value of 
f given by the equation 


fF=T fale/TH=X fr10%!/Y 108/10, 


Only a small error will be introduced if the mid- 
frequency of such bands be taken as the fre- 
quency of an equivalent component except for 
the band of lowest frequency. Below 125 cycles it 
is important that the frequency and intensity of 
each component be known, since in this region 
the loudness level L; changes very rapidly with 
both changes in intensity and frequency. How- 
ever, if the intensity for this band is lower than 
that for other bands, it will contribute little to the 
total loudness so that only a small error will be 
introduced by a wrong choice of frequency for 
the band. 

This then gives a method of calculating }, 
when the adjacent components are equal in loud- 
ness. When they are not equal let us define the 
difference AL by 


(19) 
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AL=L,—Lnm. (20) 


Also let this difference be T when L,, is adjusted 
so that the masking component just masks the 
component k. Then the function for calculating } 
must satisfy the following conditions: 


6. =((250+Af)/1000]Q when AL=0, 
b.=0 when AL=-—T. 


Also the following condition when Ly, is larger 
than L,, must be satisfied, namely, 6, =1 when 
AL= some value somewhat smaller than +7, 
The value of T can be obtained from masking 
curves. An examination of these data indicates 
that to a good approximation the value of T is 
dependent upon the single variable f;—2f,,. A 
curve showing the relation between 7 and this 
variable is shown in Fig. 12. It will be seen that 
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Fic. 12. Values of the masking 7. 


for most practical cases the value of T is 25. It 
cannot be claimed that the curve of Fig. 12 is an 
accurate representation of the masking data, but 
it is sufficiently accurate for the purpose of loud- 
ness calculation since rather large changes in T 
will produce a very slight change in the final cal- 
culated loudness level. 

Data were taken in an effort to determine how 
this function depended upon AL but it was not 
possible to obtain sufficient accuracy in the ex- 
perimental results. The difference between the 
resultant loudness level when half the tones are 
down so as not to contribute to loudness and 
when these are equal is not more than 4 or 5 db, 
which is not much more than the observational 
errors in such results. 

A series of tests were made with tones similar 
to those used to obtain the results shown in Figs. 
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8 and 9 except that every other component was 
down in loudness level 5 db. Also a second series 
was made in which every other component was 
down 10 db. Although these data were not used jn 
determining the function described above, it was 
useful as a check on the final equations derived 
for calculating the loudness of tones of this sort. 

The factor finally chosen for representing the 
dependence of 6, upon AL is 10 4/7, This factor 
is unity for AL =0, fulfilling the first condition 
mentioned above. It is 0.10 instead of zero for 





b= ([(250+f.—fm) /1000 ]10‘“*-*™)/70(8.+30 log fx —95) 


where 


fx is the frequency of the component ex- 
pressed in cycles per second, 

fm is the frequency of the masking component 
expressed in cycles per second, 

L, is the loudness level of the kth component 
when sounding alone, 


L,», is the loudness level of the masking tone, 

Q is a function depending upon the intensity 
level 6, and the frequency f; of each com- 
ponent and is given in Table VI as a func- 
tion of x =8,.+30 log f.—95, 

T is the masking and is given by the curve of 
Fig. 12. 


It is important to remember that b; can never be 
greater than unity so that all calculated values 
greater than this must be replaced with values equal 
to unity. Also all components within the limiting 
frequency bands must be grouped together as indi- 
cated above. It is very helpful to remember that 
any component for which the loudness level is 
12 db below the kth component, that is, the one 
for which b is being calculated, need not be con- 
sidered as possibly being the masking com- 
ponent. If all the components preceding the kth 
are in this class then 0}, is unity. 


RECAPITULATION 


With these limitations the formula for calculat- 
ing the loudness level L of a steady complex tone 
having x components is 


k=n 


G(L) =) b.G(Li), (10) 
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AL=-—25, the most probable value of 7. For 
Af=100 and Q=0.88 we will obtain the smallest 
value of b, without applying the AL factor, 
namely, 0.31. Then when using this factor as 
given above, all values of 5, will be unity for 
values of AL greater than 12 db. 

Several more complicated functions of AL were 
tried but none of them gave results showing a 
better agreement with the experimental values 
than the function chosen above. 

The formula for calculation of 5; then becomes 


(21) 


where b; is given by Eq. (21). If the values of f, 


and 6; are measured directly then corresponding 
values of L; can be found from Fig. 5. Having 
these values, the masking component can be 
found either by inspection or better by trial in 
Eq. (21). That component whose values of L», 


fm and T introduced into this equation gives the 


smallest value of b; is the masking component. 

The values of G and Q can be found from 
Tables III and VI from the corresponding values 
of Lx, B., and f,. If all these values are now intro- 
duced into Eq. (10), the resulting value of the 
summation is the loudness of the complex tone. 
The loudness level L corresponding to it is found 
from Table III. 

If it is desired to know the loudness obtained if 
the typical listener used only one ear, the result 
will be obtained if the summation indicated in 
Eq. (10) is divided by 2. Practically the same re- 
sult will be obtained in most instances if the 
loudness level L; for each component when list- 
ened to with one ear instead of both ears is in- 
serted in Eq. (10). (G(L;) for one ear listening is 
equal to one-half G(L;) for listening with both 
ears for the same value of the intensity level of the 
component.) If two complex tones are listened to, 
one in one ear and one in the other, it would be 
expected that the combined loudness would be 
the sum of the two loudness values calculated for 
each ear as though no sound were in the opposite 
ear, although this has not been confirmed by ex- 
perimental trial. In fact, the loudness reduction 
factor b; has been derived from data taken with 
both ears only, so strictly speaking, its use is 
limited to this type of listening. 








100 


To illustrate the method of using the formula 
the loudness of two complex tones will be calcu- 
lated. The first may represent the hum from a 
dynamo. Its components are given in the table 
of computations. 











Computations 
k fe Br Li Gk by. 
1 60 50 3 3 1.0 
2 180 45 25 197 1.0 Dh;.G;, = 1009 
3 300 40 30 360 1.0 
+ 540 30 27 252 1.0 L= 40 
5 1200 25 25 197 1.0 








The first step is to find from Fig. 5 the values 
of L; from f;, and 6;. Then the loudness values G, 
are found from Table III. Since the values of L 
are low and the frequency separation fairly large, 
one familiar with these functions would readily 
see that the values of b would be unity and a 
computation would verify it so that the sum of 
the G values gives the total loudness 1009. This 
corresponds to a loudness level of 40. 

The second tone calculated is this same hum 
amplified 30 db. It better illustrates the use of 
the formula. 


Computations 














k f~ Be Le Gr fm Lm(30log f,—95)Q b bXG 
1 60 80 69 7440 — 1.00 7440 
2 180 75 72 9130 60 69 —28 0.91 0.41 3740 
3 300 70 69 7440 180 72 —21 0.91 0.27 2010 
4 540 60 60 4350 300 69 —13 0.94 0.23 1000 
5 1200 55 55 3080 540 60 — 3 0.89 0.61 1880 


loudness G = 16070 
loudness level L=79 db 








The loudness level of the combined tones is 
only 7 db above the loudness level of the second 
component. If only one ear is used in listening, 
the loudness of this tone is one-half, correspond- 
ing to a loudness level of 70 db. 


COMPARISON OF OBSERVED AND CALCULATED 
RESULTS ON THE LOUDNESS LEVELS OF 
CoMPLEX TONES 


In order to show the agreement between ob- 
served loudness levels and levels calculated by 
means of the formula developed ir the preceding 
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sections, the results of a large number of tests are 
given here, including those from which the 
formula was derived. In Tables VII to XIII, the 
first column shows the frequency range over 
which the components of the tones were distrib- 
uted, the figures being the frequencies of the first 
and last components. Several tones having two 
components were tested, but as the tables indi- 
cate, the majority of the tones had ten com- 
ponents. Because of a misunderstanding in the 
design of the apparatus for generating the latter 
tones, a number of them contained eleven com- 
ponents, so for purposes of identification, these 
are placed in a separate group. In the second 
column of the tables, next to the frequency range 
of the tones, the frequency difference (Af) be- 
tween adjacent components is given. The re- 
mainder of the data pertains to the loudness levels 
of the tones. Opposite L;. are given the common 
loudness levels to which all the components of the 
tone were adjusted for a particular test, and in 
the next line the results of the test, that is, the 
observed loudness levels (Loys.), are given. Di- 
rectly beneath each observed value, the calcu- 
lated loudness levels (Leaic.) are shown. The three 
associated values of Li, Lovs., and Leatc. in each 
column represent the data for one complete test. 
For example, in Table VIII, the first tone is 
described as having ten components, and for the 
first test shown each component was adjusted to 
have a loudness level (L;) of 67 db. The results of 
the test gave an observed loudness level (L,,..) 
of 83 db for the ten components acting together, 
and the calculated loudness level (Leaic.) of this 
same tone was 81 db. The probable error of the 
observed results in the tables is approximately 
+2 db. 

In the next series of data, adjacent components 


TABLE VII. Two component tones (AL=0). 








Frequency range | Af | Loudness levels (db) 





Li, 83 63 43 23 
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TABLE VIII. Ten component tones (AL=0). 
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Frequency range Af Loudness levels (db) 
| Ly 67 54. 33 21 1060 = 
50-500 wm | Baa 83 68 47 38 20 2 
Fee 81 72 53 39 24 8 
Li 78 61 41 23 —_— 
50-500 Ww | Ban 92 73 53 42 25 2 
pare 91 77 60 42 27 8 
7 L, 78 69 50 16 6 -1 
1400-1895 Ss i bea 94 82 62 32 22 2 
(ie 6S 83 65 31 17 0 
| Ly 57 37 20 3 
1400-1895 SS | Lan 68 50 34 2 
e-4 73 52 36 5 
| Ly 84 64 43 24 2 84 64 43 24 2 
100-1000 100 | Lots 95 83 59 41 2 94 80 63 44 2 
| Leah 100 83 68 47 12 +100 83 68 47 12 
. L, 81 64 43 23 3 = =6 
100-1000 100 | Lobs. 93 82 65 49 33 2 
iia 83 68 45 27 3 
L, 83 63 43 23 0 
100-1000 100 | Lobs. 95 79 59 43 2 
| Leate. 99 82 68 45 9 
| Le 83 63 43 23 78 59 48 27 7 
3100-3900 100 | Lons. 100 82 59 32 99 81 62 38 2 
Leate, 100 80 60 38 95 77 65 42 0 
| Le 79 604117 7 4 
1100-3170 230 | Lovs. 100 81 65 33 22 2 
| Leatc. 100 83 64 34 18 3 
| | 
| Le 79 62 42 23 3 <2 | 
260-2600 260 | Lobs. 97 82 65 44 28 2 
Leate. 100 85 68 45 27 5 
bs 75 53 43 25 82 61 43 7 —3 
530-5300 530 | Lovs. 100 83 73 52 105 90 73 40 2 
| Leak 101 82 72 48 108 89 72 34 5 
| ce *&# ss «J | 
530-5300 530 | Lote. 89 69 45 2 
| ian & 8 @ 4 











had a difference in loudness level of 5 db, that is, 
the first, third, fifth, etc., components had the 
loudness level given opposite L;, and the even 
numbered components were 5 db lower. (Tables 
X and XI.) 

In the following set of tests (Tables XII and 
XIII) the difference in loudness level of adjacent 
components was 10 db. 

The next data are the results of tests made on 
the complex tone generated by the Western 
Electric No. 3A audiometer. When analyzed, this 
tone was found to have the voltage level spec- 


trum shown in Table XIV. When the r.m.s. 








voltage across the receivers used was unity, that 
is, zero voltage level, then the separate com- 
ponents had the voltage levels given in this table. 
Adding to the voltage levels the calibration con- 
stant for the receivers used in making the loud- 
ness tests gives the values of 8 for zero voltage 
level across the receivers. The values of 8 for any 
other voltage level are obtained by addition of 
the level desired. 

Tests were made on the audiometer tone with 
the same receivers* that were used with the other 
complex tones, but in addition, data were avail- 





* See calibration shown in Fig. 1 
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TABLE IX. Eleven component tones (AL=0). 
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TABLE XIII. Eleven component tones (AL= 10 db), 













































































Frequency range | Af Loudness levels (db) Frequency range | Af Loudness levels (db) 
Lk 84 64 43 24 -1 Lk 80 62 42 27 17 2 
1000-2000 100 | Lobs. 97 83 65 43 2 57-627 57 | Lobs. 88 70 53 40 27 2 
ecale. 103 84 64 45 7 Leale. 90 76 59 45 30 8 
Ly 84 64 43 24 1 Ly $1 62 42 27 17 =% 
1000-2000 100 | Lobs. 99 82 65 42 2 3420-4020 60 | Lops. 100 70 50 33 26 2 
Leatc. 103 84 64 45 11 Leite. % 75 53 37 27 @ 
Ly 79 60 40 20 10 —5 
1150-2270 112 Le Ss 99 78 62 41 25 - ons » » = - 
— 98 81 61 40 33 1 ABLE XIV. Voltage level spectrum of No. 3A 
audiometer tone. 
Ly 77: 62 42 22 «7 -7 = = sl 
20-45 . 2 . 
1120-4520 340 re a a po or = wk Frequency Voltage level Frequency Voltage level 
~calc. c -- 
152 — 2.1 2128 —11.4 
304 ~ $A 2280 ~16.9 
pa , 45¢ ~ 42 2432 —14.1 
TABLE X. Ten component tones (AL=5 db). 608 - 59 2584 —16.2 
760 — 4.6 2736 —17.4 
Frequency range | Af | Loudness levels (db) a re x ps — aan 
Ly 82 62 43 27 17 —6 1216 = 8.1 3192 —19.4 
1725-2220 55 | Lobs. 101 73 54 38 30 2 1368 — 32 $344 — 22. 
Lealc, 95 76 56 40 30 —1 1520 — 9.1 3496 — 23.7 
rh 1672 —10.0 3648 —25.6 
Ly 80 62 42 22 12 —2 1824 — 9.9 3800 — 24.6 
1725-2220 55 | Lops. 94 66 50 33 22 2 1976 —14.1 3952 —26.8 
Leatc. 93 76 54 35 22 a 














TABLE XI. Eleven component tones (AL=5 db). 








Frequency range | Af Loudness levels (db) 





Ly 79 61 41 26 16 
Lovs. 91 73 56 41 28 
Leatc. 90 76 59 43 28 8 
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given instead of voltage levels, so in utilizing it 
here, it was necessary to assume that the thresh- 
old levels of the new and old tests were the same. 
Computations were made at the levels tested 
experimentally and a comparison of observed and 
calculated results is shown in Table XV. 
































ie 76 61 42 25 15 —-9 T _vwv 
’ = Rae ot ABLE XV. 
3420-4020 OO i fas 95 Fi 55. 3S 25 2 
Liéain. 89 75 54 36 26 —4 = ata . r TERE 
A. Recent tests on No. 3A audiometer tone. 
r.m.s. volt. 
level —38 —55 —59 —70 —75 —78 —80 —87 —89 —100 —102 
. 2 re ) Lobs. 95 85 79 61 56 41 42 28 22 2 2 
TABLE XII. Ten component tones (AL= 10 db). i. 80 74 #71 87 49 44 40 28 25 7 4 
| 
Frequency range Af Loudness levels (db) B. Previous tests on No. 3A audiometer tone. 
L; 79 59 40 19 9 5 r.m.s. volt. level +10 —9 —40 —49 —60 —69 —91 
ar a 5 es r “se Lobs. 118 103 77 69 61 50 2 
1725-2220 53 ides: (9S Fi SA SS 22 , ian 119 103— = 82 73 56 41 6 
Leste, SU 15 St SH ii. =i en Se = ———— 
be 79 61 41 27 #17 =-1 
1725-2220 55 Lobs. - 67 = “A au - The agreement of observed and calculated re- 
cale. 2 49 dX* é 28 

















able on tests made about six years ago using a 
different type of receiver. This latter type of re- 
ceiver was recalibrated (Fig. 13) and computa- 
tions made for both the old and new tests. In the 
older set of data, levels above threshold were 


sults is poor for some of the tests, but the close 
agreement in the recent data at low levels and in 
the previous data at high levels indicates that the 
observed results are not as accurate as could be 
desired. Because of the labor involved these tests 
have not been repeated. 

At the time the tests were made several years 
ago on the No. 3A audiometer tone, the reduc- 
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Fic. 13. Calibration of receivers for tests on the No. 3A 
audiometer tone 


tion in loudness level which takes place when 
certain components are eliminated was also de- 
termined. As this can be readily calculated with 
the formula developed here, a comparison of ob- 
served and calculated results will be shown. In 
Fig. 14A, the ordinate is the reduction in loud- 
ness level resulting when a No. 3A audiometer 
tone having a loudness level of 42 db was changed 
by the insertion of a filter which eliminated all of 
the components above or below the frequency in- 
dicated on the abscissa. The observed data are the 
plotted points and the smooth curves are calcu- 
lated results. A similar comparison is shown in 
Figs. 14B, C and D for other levels. 

This completes the data which are available on 
steady complex tones. It is to be hoped that others 
will find the field of sufficient importance to war- 
rant obtaining additional data for improving and 


APPENDIX A. EXPERIMENTAL 


A measurement of the loudness level of a sound consists 
of listening alternately to the sound and to the 1000-cycle 
reference tone and adjusting the latter until the two are 
equally loud. If the intensity level of the reference tone is 
L decibels when this condition is reached, the sound is 
said to have a loudness level of L decibels. When the 
character of the sound being measured differs only slightly 
from that of the reference tone, the comparison is easily and 
quickly made, but for other sounds the numerous factors 
which enter into a judgment of equality of loudness become 
important, and an experimental method should be used 
which will yield results typical of the average normal ear 
and normal physiological and psychological conditions. 

A variety of methods have been proposed to accomplish 
this, differing not only in general classification, that is, the 
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Fic. 14. (A to D) loudness level reduction tests on the No. 
3A audiometer tone. 


testing the method of measuring and calculating 
loudness levels. 

In view of the complex nature of the problem 
this computation method cannot be considered 
fully developed in all its details and as more ac- 
curate data accumulates it may be necessary to 
change the formula for b. Also at the higher levels 
some attention must be given to phase differences 
between the components. However, we feel that 
the form of the equation is fundamentally correct 
and the loudness function, G, corresponds to 
something real in the mechanism of hearing. The 
present values given for G may be modified 
slightly, but we think that they will not be 
radically changed. 

A study of the loudness of complex sounds 
which are not steady, such as speech and sounds 
of varying duration, is in progress at the present 
time and the results will be reported in a second 
paper on this subject. 


METHOD OF MEASURING THE LOUDNESS LEVEL OF A STEADY SOUND 


method of average error, constant stimuli, etc., but also in 
important experimental details such as the control of noise 
conditions and fatigue effects. In some instances unique 
devices have been used to facilitate a ready comparison 
of sounds. One of these, the alternation phonometer,!® 
introduces into the comparison important factors such as 
the duration time of the sounds and the effect of transient 
conditions. The merits of a particular method will depend 
upon the circumstances under which it is to be used. The 
one to be described here was developed for an extensive 
series of laboratory tests. 

To determine when two sounds are equally loud it is 


10D. Mackenzie, Relative Sensitivity of the Ear at Different 
Levels of Loudness, Phys. Rev. 20, 331 (1922). 
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necessary to rely upon the judgment of an observer, and 
this involves of course, not only the ear mechanism, but 
also associated mental processes, and effectively imbeds the 
problem in a variety of psychological factors. These 
difficulties are enhanced by the large variations found in 
the judgments of different observers, necessitating an 
investigation conducted on a statistical basis. The method 
of constant stimuli, wherein the observer listens to fixed 
levels of the two sounds and estimates which sound is the 
louder, seemed best adapted to control the many factors 
involved, when using several observers simultaneously. By 
means of this method, an observer's part in the test can be 
readily limited to an indication of his loudness judgment. 
This is essential as it was found that manipulation of 
apparatus controls, even though they were not calibrated, 
or participation in any way other than as a judge of loud- 
ness values, introduced undesirable factors which were 
aggravated by continued use of the same observers over 
a long period of time. Control of fatigue, memory effects, 
and the association of an observer's judgments with the 
results of the tests or with the judgments of other ob- 
servers could be rigidly maintained with this method, as 
will be seen from the detailed explanation of the experi- 
mental procedure. 

The circuit shown in Fig. 15 was employed to generate 
and control the reference tone and the sounds to be 
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Fic. 15. Circuit for loudness balances. 


measured. Vacuum tube oscillators were used to generate 
pure tones, and for complex tones and other sounds, 
suitable sources were substituted. By means of the voltage 
measuring circuit and the attenuator, the voltage level 
(voltage level = 20 log V) impressed upon the terminals of 
the receivers, could be determined. For example, the 
attenuator, which was calibrated in decibels, was set so 
that the voltage measuring set indicated 1 volt was being 
impressed upon the receiver. Then the difference between 
this setting and any other setting is the voltage level. To 
obtain the intensity level of the sound we must know the 
calibration of the receivers. 

The observers were seated in a sound-proof booth and 
were required only to listen and then operate a simple 
switch. These switches were provided at each position and 
were arranged so that the operations of one observer could 
not be seen by another. This was necessary to prevent the 
judgments of one observer from influencing those of another 
observer. First they heard the sound being tested, and im- 
mediately afterwards the reference tone, each for a period 
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of one second. After a pause of one second this sequence 
was repeated, and then they were required to estimate 
whether the reference tone was louder or softer than the 
other sound and indicate their opinions by operating the 
switches. The levels were then changed and the procedure 
repeated. The results of the tests were recorded outside the 
booth. 

The typical recording chart shown in Fig. 16 contains 
the results of three observers testing a 125-cycle tone at 
three different levels. Two marks were used for recording 


125 c.p.s. Pure Tone Test No. 4 Crew No. 1. 1000 c.ps, 
Voltage Level (db) 








Obs. +6 +2 -—2 -—6 —10 —14 —18 —22 —26 


125 CK 

















+ + + + + O 0 0 0 

cps. AS + + + + 90 0 0 0 0 
Volt. DH + + 0 0 0 0 0 0 0 
level= CK + + + + 4+ =O 0 0 O 
+9.8db AS + + + + O 0 0 0 0 
DH + + O 0 + 0 0 o 8g 

CK + + + + O 0 0 . «© 

AS + + + 0 0 0 0 0 0 

DH + + 0 0 0 0 0 0 0 
0 —4 —8 —12 —16 —20 —24 —28 —32 

1235 CK + + + + O + + 0 0 
cps. AS + + + + + 9 0 0 0 
Volt DH + + + + O 0 0 0 0 
level= CK + + + + + + + 0 0 
—3.2db AS + + + + + 4+ 090 0 0 
DH + + + 0O + 0O + 0 0 

CK + + + + + + O 0 O 

AS + + + +°+ 0 0 0 0 

DH + + + O + 0 0 o ¢ 
—15 —19 —23 —27 —31 —35 —39 —43 —47 

1235 CK + + + + + O 0 o ¢ 
cps. AS + + + + 0 0 0 0 0 
Volt DH + + 0 + 0 + 0O 0 O 
level= CK 0O + + + + + O 0 0 
—142 ASS + + + + 0 + 0 Se 
db DH + + 90 + 0O 0 + 0 0 
CK + + O + + + 0O 0 0 

AS + + 0 0 + + 0 0 0 

DH + + O 0 0 0 + 0 0 





| 





Fic. 16. Loudness balance data sheet. 


the observers’ judgments, a cipher indicating the 125-cycle 
tone to be the louder, and a plus sign denoting the reference 
tone to be the louder of the two. No equal judgments 
were permitted. The figures at the head of each column 
give the voltage level of the reference tone impressed 
upon the receivers, that is, the number of decibels from 1 
volt, plus if above and minus if below, and those at the side 
are similar values for the tone being tested. Successive tests 
were chosen at random from the twenty-seven possible 
combinations of levels shown, thus reducing the possibility 
of memory effects. The levels were selected so the ob- 
servers listened to reference tones which were louder and 
softer than the tone being tested and the median of their 
judgments was taken as the point of equal loudness. 
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The data on this recording chart, combined with a 
similar number of observations by the rest of the crew, 
(a total of eleven observers) are shown in graphical form 
in Fig. 17. The arrow indicates the median level at which 
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Fic. 17. Percent of observations estimating 1000-cycle tone 
to be louder than 125-cycle tone. 


the 1000-cycle reference, in the opinion of this group of 
observers, sounded equally loud to the 125-cycle tone. 

The testing method adopted was influenced by efforts 
to minimize fatigue effects, both mental and physical. 
Mental fatigue and probable changes in the attitude of an 
observer during the progress of a long series of tests were 
detected by keeping a record of the spread of each ob- 
server's results. As long as the spread was normal it was 
assumed that the fatigue, if present, was small. The tests 
were conducted on a time schedule which limited the 
observers to five minutes of continuous testing, during 
which time approximately fifteen observations were made. 
The maximum number of observations permitted in one 
day was 150. 

To avoid fatiguing the ear the sounds to which the 
observers listened were of short duration and in the 
sequence illustrated on Fig. 18. The duration time of each 
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Fic. 18. Time sequence for loudness comparisons. 


sound had to be long enough to attain full loudness and yet 
not sufficiently long to fatigue the ear. The reference tone 
followed the x sound at a time interval short enough to 
permit a ready comparison, and yet not be subject to 
fatigue by prolonging the stimulation without an adequate 
rest period. At high levels it was found that a tone re- 
quires nearly 0.3 second to reach full loudness and if 
sustained for longer periods than one second, there is 
danger of fatiguing the ear." 

To avoid the objectionable transients which occur when 
sounds are interrupted suddenly at high levels, the con- 
trolling circuit was designed to start and stop the sounds 





"G. v. Bekesy, Theory of Hearing, Phys. Zeits. 30, 
115 (1929), 


gradually. Relays operating in the feedback circuits of the 
vacuum tube oscillators and in the grid circuits of amplifiers , 
performed this operation. The period of growth and 
decay was approximately 0.1 second as shown on the 
typical oscillogram in Fig. 19. With these devices the 
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Fic. 19. Growth and decay of 1000-cycle reference tone. 


transient effects were reduced and yet the sounds seemed 
to start and stop instantaneously unless attention was 
called to the effect. A motor-driven commutator operated 
the relays which started and stopped the sounds in proper 
sequence, and switched the receivers from the reference 
tone circuit to the sound under test. 

The customary routine measurements to insure the 
proper voltage levels impressed upon the receivers were 
made with the measuring circuit shown schematically in 
Fig. 15. During the progress of the tests voltage measure- 
ments were made frequently and later correlated with 
measurements of the corresponding field sound pressures. 

Threshold measurements were made before and after the: 
loudness tests. They were taken on the same circuit used. 
for the loudness tests (Fig. 15) by turning off the 1000-? 
cycle oscillator and slowly attenuating the other tone below: 
threshold and then raising the level until it again became; 
audible. The observers signalled when they could no longer: 






















hear the tone and then again when it was just audible. The, 
average of these two conditions was taken as the threshold. é 

An analysis of the harmonics generated by the re-? 
ceivers and other apparatus was made to be sure of the 
purity of the tones reaching the ear. The receivers were 
of the electrodynamic type and were found to produce over- 
tones of the order of 50 decibels below the fundamental. At 
the very high levels, distortion from the filters was greate 
than from the receivers, but in all cases the loudness level 
of any overtone was 20 decibels or more below that of the 
fundamental. Experience with complex tones has shown 
that under these conditions the contribution of the over- 
tones to the total loudness is insignificant. 

The method of measuring loudness level which is de 
scribed here has been used on a large variety of sounds an 
found to give satisfactory results. 
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APPENDIX B. COMPARISON OF DATA ON THE LOUDNESS LEVELS OF PURE TONES 


A comparison of the present loudness data with that re- 
ported previously by B. A. Kingsbury‘ would be desirable 
and in the event of agreement, would lend support to the 
general application of the results as representative of the 
average ear. It will be remembered that the observers 
listened to the tones with both ears in the tests reported 
here, while a single receiver was used by Kingsbury. 

Also, it is important to remember that the level of the 
tones used in the experiments was expressed as the number 
of db above the average threshold current obtained with a 
single receiver. For both of these reasons a direct com- 
parison of the results cannot be made. However, in the 
course of our work two sets of experiments were made 
which give results that make it possible to reduce Kings- 
bury’s data so that it may be compared directly with that 
reported in this paper. 

In the first set of experiments it was found that if a 
typical observer listened with both ears and estimated that 
two tones, the reference tone and a tone of different fre- 
quency, appeared equally loud, then, making a similar 
comparison using one ear (the voltages on the receiver 
remaining unchanged) he would still estimate that the two 
tones were equally loud. The results upon which this 
conclusion is based are shown in Table XVI. In the first 


TABLE XVI. Comparison of one and two-ear 
loudness balances. 











A. Reference tone voltage level = —32db 
Frequency, 
c.p.s. 62 125 250 500 2000 4000 6000 8000 10,000 
Voltage level 


difference® —0.5 O +1.0 —1.0 —0.5 —0.5 +0.5 —3.0 —3.0 





B. Other reference tone levels 





62 c.p.s. 2000 c.p.s. 

Ref. tone Volt. level Ref. tone Volt. level 
volt. level difference* volt. level difference* 
—20 +0.5 — 3 0.0 
—34 +0.2 —22 +0.3 
—57 +2.0 —41 —0.8 
—68 —0.5 —60 —0.8 

-—79 —6.2 











* Differences are in db, positive values indicating a 
higher voltage for the one ear balance. 


row are shown the frequencies of the tones tested. Under 
these frequencies are shown the differences in db of the 
voltage levels on the receivers obtained when listening by 
the two methods, the voltage level of the reference tone 
being constant at 32 db down from 1 volt. Under the 
caption ‘‘Other Reference Tone Levels” similar figures for 
frequencies of 62 c.p.s. and 2000 c.p.s. and for the levels of 
the reference tone indicated are given. It will be seen that 
these differences are well within the observational error. 
Consequently, the conclusion mentioned above seems to 
be justified. This is an important conclusion and although 
the data are confined to tests made with receivers on the 
ear it would be expected that a similar relation would hold 


when the sounds are coming directly to the ears from a free 
wave. 

This result is in agreement with the point of view 
adopted in developing the formula for calculating loudness, 
When listening with one instead of two ears, the loudness of 
the reference tone and also that of the tone being compared 
are reduced to one-half. Consequently, if they were equally 
loud when listening with two ears they must be equally loud 
when listening with one ear. The second set of data is 
concerned with differences in the threshold when listening 
with one ear versus listening with two ears. 

It is well known that for any individual the two ears have 
different acuity. Consequently, when listening with both 
ears the threshold is determined principally by the better 
ear. The curve in Fig. 20 shows the difference in the 
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Fic. 20. Difference in acuity between the best ear and the 
average of both ears. 


threshold level between the average of the better of an 
observer's ears and the average of all the ears. The circles 
represent data taken on the observers used in our loudness 
tests while the crosses represent data taken from an 
analysis of 80 audiograms of persons with normal hearing. 
If the difference in acuity when listening with one ear vs. 
listening with two ears is determined entirely by the better 
ear, then the curve shown gives this difference. However, 
some experimental tests which we made on one ear acuity 
vs. two ear acuity showed the latter to be slightly greater 
than for the better ear alone, but the small magnitudes 
involved and the difficulty of avoiding psychological effects 
caused a probable error of the same order of magnitude as 
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Fic. 21. Loudness levels of pure tones—A comparison with 


Kingsbury’s data. 
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LOUDNESS, ITS DEFINITION, 
the quality being measured. At the higher frequencies 
where large differences are usually present the acuity is 
determined entirely by the better ear. 

From values of the loudness function G, one can readily 
calculate what the difference in acuity when using one s. 
two ears should be. Such a calculation indicates that when 
the two ears have the same acuity, then when listening with 
both ears the threshold values are about 2 db lower than 
when listening with one ear. This small difference would 
account for the difficulty in trying to measure it. 

We are now in a position to compare the data of Kings- 
bury with those shown in Table I. The data in Table I can 
be converted into decibels above threshold by subtracting 
the average threshold value in each column from any other 
number in the same column. 


APPENDIX C. OptTicAL TONE GENERATOR OF 


For the loudness tests in which the reference tone was 
compared with a complex tone having components of 
specified loudness levels and frequencies, the tones were 
listened to by means of head receivers as before; the circuit 
shown in Fig. 15 remaining the same excepting for the 
vacuum tube oscillator marked ‘‘x Frequency.’ This was 
replaced by a complex tone generator devised by E. C. 
Wente of the Bell Telephone Laboratories. The generator 
is shown schematically in Fig. 22. 

The desired wave form was accurately drawn on a large 
scale and then transferred photographically to the glass 
disk designated as D in the diagram. The disk, driven by a 
motor, rotated between the lamp L and a photoelectric 
cell C, producing a fluctuating light source which was 
directed by a suitable optical system upon the plate of 
the cell. The voltage generated was amplified and attenu- 
ated as in the case of the pure tones. 
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If now we add to the values for the level above threshold 


given by Kingsbury an amount corresponding to the differ- 
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ences shown by the curve of Fig. 20, then the resulting ‘ 


values should be directly comparable to our data on the 
basis of decibels above threshold. Comparisons of his data 
on this basis with those reported in this paper are shown in 
Fig. 21. The solid contour lines are drawn through points 
taken from Table I and the dotted contour lines taken 
from Kingsbury’s data. It will be seen that the two sets of 
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data are in good agreement between 100 and 2000 cycles 


but diverge somewhat above and below these points. 
The discrepancies are slightly greater than would be 
expected from experimental errors, but might be explained 
by the presence of a slight amount of noise during threshold 
determinations. 
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Fic. 22. Schematic of optical tone generator. 





Fic. 23. Ten disk optical tone generator. 
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The relative magnitudes of the components were of 
course fixed by the form of the wave inscribed upon the 
disk, but this was modified when desired, by the insertion 
of elements in the electrical circuit which gave the desired 
characteristic. Greater flexibility in the control of the 
amplitude of the components was obtained by inscribing 
each component on a separate disk with a complete optical 
system and cell for each. Frequency and phase relations 
were maintained by mounting all of the disks on a single 
shaft. Such a generator having ten disks is shown in 
Fig. 23. 


FLETCHER AND W. A. 


MUNSON 


An analysis of the voltage output of the optical tone 
generators showed an average error for the amplitude of 
the components of about +0.5 db, which was probably the 
limit of accuracy of the measuring instrument. Undesired 
harmonics due to the disk being off center or inaccuracies 
in the wave form were removed by filters in the electrical] 
circuit. 


All of the tests on complex tones described in this paper 


were made with the. optical tone generator excepting the 
audiometer, and two tone tests. For the latter tests, two 
vacuum tube oscillators were used as a source. 
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Proposed Standards for Noise Measurement 


(As ADOPTED JUNE 26, 1933, BY THE AMERICAN STANDARDS ASSOCIATION COMMITTEE ON ACOUSTICAL MEASUREMENTS 
AND TERMINOLOGY) 


STANDARDS FOR NOISE MEASUREMENTS 


N order to make clear the particular meaning 

of intensity as used in this report the following 
definition taken from the report of the Subcom- 
mittee on Terminology is here given: 

Sound Intensity (I). The sound intensity of a 
sound field in a specified direction at a point 
is the sound energy transmitted per unit of time 
in the specified direction through a unit area 
normal to this direction at the point. The unit 
is the erg per second per square centimeter but 
may also be expressed in watts per square 
centimeter. 


Note (a). The sound intensity in any specified direc- 
tion a is given by the equation 


"TT 
I,=(1/T). i, pv,dt 


where T is the period, p the instantaneous sound pres- 
sure and v, the component in the specified direction a 
of the instantaneous particle velocity. 

Note (b). In the case of a plane or spherical free pro- 
gressive wave having the effective sound pressure P 
(bars), the velocity of propagation c (cm per sec.) ina 
medium of density p (grams per cubic cm), the intensity 
in the direction of propagation is given by 


I =P?/pc (ergs per sec. per sq. cm). 


This same relation can often be used in practice with 
sufficient accuracy to calculate the intensity at a point 
near the source with only a pressure measurement. In 
more complicated sound fields the results given by this 
relation may differ greatly from the actual intensity. 


When dealing with a plane or a spherical 
progressive wave it will be understood that the 
intensity is taken in the direction of propagation 
of the wave. 

1. The reference intensity for intensity level 
comparisons shall be 10~* watt per square centi- 
meter. In a plane or spherical progressive sound 
wave in air, this intensity corresponds to a root- 
mean-square pressure ‘‘p’’ given by the formula 


p=0.000207 ((77/76)(273/T))3, 


where p is expressed in bars, / is the height of the 
barometer in centimeters, and T is the absolute 
temperature. At a temperature of 20°C and a 
pressure of 76 cm of Hg, p=0.000204 bar. 

2. The intensity level of a sound is the number 
of db above the reference level. 

3. The pressure level of a sound is 20 times the 
logarithm to the base 10 of the ratio of the pres- 
sure p to the reference pressure pp. The unit of 
pressure level is the db. 

4. The reference pressure, Po, for sound pres- 
sure measurements is 0.0002 bar. 

5. Aplane or spherical sound wave having only 
a single frequency of 1000 cycles per second shall 
be used as the reference for loudness comparisons. 


Note: One practical way to obtain a plane or spher- 
ical wave is to use a small source, and to have the head 
of the observer at least one meter distant from the 
source, with the external conditions such that re- 
flected waves are negligible as compared with the 
original wave at the head of the observer. 


6. The loudness level of any sound shall be the 
intensity level of the equally loud reference tone 
at the position where the listener’s head is to be 
placed. 

7. In observing the loudness of the reference 
sound, the observer shall face the source which 
should be small and listen with both ears at a 
position so that the distance from the source to a 
line joining the two ears is one meter. 


Note: The value of the intensity level of the equally 
loud reference sound depends upon the manner of 
listening to the unknown sound and also to the stand- 
ard of reference. The manner of listening to the un- 
known sound may be considered as part of the charac- 
teristics of that sound. The manner of listening to the 
reference sound is as specified above. 


ADDITIONAL TENTATIVE STANDARDS FOR NOISE 
MEASUREMENTS 


For the purpose of practical noise measure- 
ments and the design of sound of noise meters 
there is need for agreement upon equal loudness 
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contours of pure tones. Also, there is some need 
for an additional loudness scale based on a group 
judgment as to what constitutes a certain per- 
centage reduction in the loudness of sound. For 
both of these things reliance must necessarily be 
placed on experimental data. A number of in- 
vestigations have been made for the purpose of 
obtaining such data and from their results there 
can be derived such relations which can be taken 
as the best indications of the present material, 
with, however, the necessary recognition that 
they are tentative and may need modification as 
further data are obtained. 

‘8. The loudness level of a pure tone propa- 
gated as a plane or spherical wave in air, and 
having a frequency of f c.p.s. and an intensity 
level 6 db shall be defined by the set of curves 
given in Fig. 1. 
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9. Until more accurate data are available, the 
relation between loudness and loudness level 
shall be that given by the curves shown in Fig. 2. 


DISCUSSION 


There was considerable discussion in the com- 
mittee as to what should be chosen for the refer- 
ence or zero level. In many ways the threshold of 
hearing intensity for a 1000 cycle tone seemed 
like a logical choice, However, variations in this 
threshold intensity arise depending upon the indi- 
vidual, his age, the manner of listening, the 
method of presenting the tone to the listener, etc. 
For this reason, no attempt was made to choose 
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the reference intensity as equal to the average 
threshold of a given group listening in a given 
way. The reference intensity given in recommen- 
dation (1) was chosen because it was a simple 
number which was convenient as a reference for 
computation work and also because it is in the 
range of threshold measurements obtained when 
listening in the manner outlined under recom- 
mendation (7). This reference intensity corre- 
sponds to the threshold intensity of an observer 
who might be called a reference observer. An 
examination of a large series of measurements on 
the threshold of hearing indicates that such a 
reference observer has a hearing which is slightly 
more acute than the average of a large group. 
For those who have been thinking in terms of 
microwatts it is easy to remember that this ref- 
erence level is 100 db below one microwatt per 
square centimeter. 

The need of adopting a reference intensity for 
sound intensity level measurements has _ been 
recognized and a tentative proposal was made in 
our first report. Since that time there has been 
considerable discussion as to whether the inten- 
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sity level scale which was originally proposed or a 
pressure level scale using one bar as the reference 
level should be adopted. Several memoranda 
were written upon the two points of view which 
are available for any who wish to study them. 
After careful consideration of all the available 
information bearing upon this question, the com- 
mittee finally voted for the recommendations 
given above. It will be noticed that the adoption 
of these standards will make the intensity level of 
the 1000 cycle reference tone the same as its 
loudness level. Also an examination of the curves 
in Fig. 1 shows that this is also true for pure tones 
covering a wide range of frequencies and in- 
tensities. 

Inasmuch as the value of the intensity level of 
the equally loud reference tone depends upon the 
manner of listening to the unknown sound and 
also of the standard of reference, these must be 
specified. The manner of listening to the unknown 
sound may be considered as part of the character- 
istic of that sound. The manner of listening to the 
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reference tone which is recommended for adop- 
tion is that given under (7). 

Some members of the Committee felt that there 
was a particular need for an additional loudness 
scale based upon a group judgment as to what 
constitutes a certain percentage reduction in the 
loudness of a sound. A basis for such a scale is 
available in the paper* by Fletcher and Munson 
reported at the May, 1933 meeting of the 
Acoustical Society of America. The Committee 
telt a scale based on this work should be proposed 
tentatively, in order to facilitate the interpreta- 
tion of experimental work of this kind. Loudness 
is the quantity that is probably closely correlated 
with the percentage estimates of loudness reduc- 
tion that a group of observers make. For example, 
a loudness of 8000 corresponds to a loudness level 
of 70 db. A reduction of 50 percent to a loudness 
of 4000 causes a change in loudness level of 11 db. 


* Loudness, Its Definition, Measurement and Calculation, 
H. Fletcher and W. A. Munson. See preceding paper in this 
issue of the Journal. 
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The Absorption of Sound in Air, in Oxygen, and in Nitrogen—Effects of Humidity 
and Temperature 


VERN O. KnupsEN, University of California at Los Angeles 
(Received August 2, 1933) 


HE results of an investigation on the 
absorption of sound in air, published by 
the author two years ago,! indicated that, at least 
in the audible range of frequencies, the ab- 
sorption coefficient (1) was of the order of 10 to 
25 times greater than the coefficient calculated by 
classical theory, and (2) increased rather mark- 
edly as the humidity of the air decreased. The 
more recent work of Hopper? and of Chrisler and 
Miller* has led to similar results, although their 
experiments were not designed to determine the 
absolute values of the absorption coefficients. In 
addition, the work of Chrisler and Miller indi- 
cates that the absorption increases with a rise of 
temperature. The work reported in this paper 
extends the author’s earlier measurements to dry 
air and to a range of temperature between — 15°C 
and 55°C. The new results give a satisfactory 
confirmation of the former ones and also reveal 
regions of selective abserption at low humidities 
which are of interest both practically and 
theoretically. 


I. APPARATUS AND TECHNIQUE OF MEASUREMENT 


The experimental procedure is patterned after 
the two-chamber method previously devised by 
the author,! but both the apparatus and the 
technique of measurement have been improved. 
The two reverberation chambers are made of the 
same grade of cold rolled blue steel boiler plate, 
3/16” thick. One chamber is a six-foot cube; the 


1V. O. Knudsen, The Effect of Humidity upon the 
Absorption of Sound in a Room, and a Determination of the 
Coefficients of Absorption of Sound in Air, J. Acous. Soc. 
Am. 3, 126-138 (1931). 

2F, L. Hopper, The Determination of Absorption Coeffi- 
cients for Frequencies up to 8000 Cycles, J. Acous. Soc. Am. 
3, 415-427 (1932). 

3V. L. Chrisler and Catherine E. Miller, Some of the 
Factors Which A ffect the Measurement of Sound-Absorption, 
Bur. Standards J. Research 9, 175-186 (1932). 
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other a two-foot cube. The two-foot cube js 
rigidly reinforced around its edges with angle 
irons, spot-welded to the steel walls; the six-foot 
cube is reinforced similarly with angle irons 
spaced 2’ on centers, thus dividing the walls into 
2’ 2’ panels and supported in the same manner 
as the walls of the smaller chamber. The inner 
walls of both chambers are coated with shellac. 
These precautions insure a high degree of 
uniformity of the absorptivity of the boundaries 
of the two chambers—an essential requirement in 
the method of measurement. Access to the 
interiors of the chambers is made by removing 
one wall, which is fastened with bolts and wing 
nuts. A rubber gasket is used to insure a tight 
seal. Each chamber is equipped with a motor- 
driven paddle, as shown in Fig. 1. Both paddles 
are of the same shape, but the large one (having 
outside dimensions of 4’ 4’) is three times as 
large as the small one (1’—4’’x1’-4”). The 
“mean free paths’’ of the two chambers are 





Fic. 1. Interior view of six-foot chamber showing motor 
driven paddle. 
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therefore in the ratio of 3 to 1. The paddle in the 
large chamber is driven at a speed of 35 r.p.m.; 
the one in the small chamber at a speed of 88 
r.p.m. This provides thorough mixing of the 
sound, an indispensable requirement for ob- 
taining satisfactory decay curves. Without the 
paddles, or with the paddles stationary or in slow 
motion, the decay curves are irregular and 
unreliable. 

By measuring the rates of decay of pure tones 
in the two chambers, keeping the air or gas 
mixture in both chambers under the same con- 
ditions, it is possible to determine both the 
surface absorption of the boundaries of the two 
chambers and the absorption coefficient of the 
air or any gas mixture within the chambers.! 

The formulas for calculating the absorption 
coefficient m of the air or gas in the chambers and 
the coefficient a of surface absorption of the 
boundaries are readily obtained, as follows. The 
equations here given are essentially the same as 
those given two years ago, but are more con- 
venient for calculations. The decay of sound 
intensity in the large chamber is given by 


I,=I1)/ exp {[In (1-—a)/l;—m ]ct}, (1) 


where J,’ is the average value of the initial or 
steady state intensity in the large chamber, /; the 
mean free path in the large chamber, c the 
velocity of sound, and ¢ the time. Similarly, for 
the small chamber, 


I,=I1,' exp {{In (1—a)/l2—m Jct}. (2) 
By solving for m and In (1—a) 
m = (2.303/20c) (36; — 62), (3) 


2.303 be—5; 
In (1-—a) =———_ ———__, (4) 
10c 1/l—1/ls 

where 6;=(10 In J,'/J;)/2.303t, i.e., the rate of 
decay, in db/sec., in the large chamber; and 
§2=(101n Js’ / 72) /2.303t, i.e., the rate of decay, in 
db/sec., in the small chamber. When both a and 
either 1, or /, are known, (1) or (2) can be solved 
directly for m. It then becomes possible to 
determine m, for air or other gases under various 
conditions of humidity, temperature, pressure, or 
contamination by a foreign gas, by measure- 
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ments of the rate of decay of sound in omly one 
chamber. By solving (2) for m (sinée this 
chamber was used alone for many of the m#:asure- 
ments), there results : 


m=\n (1—a)/l2+2.303 52/c. (5) 


Since a large part of this investigatiin con- 
sisted of determining the absorption coéfficients 
of air containing different amounts oc! water 
vapor, it was necessary to provide a cofvenient 
and reliable means for controlling and m®asuring 
the humidity. This was done (1) by forcing the 
air (or gas) from the reverberation chamber 
through a system of glass tubes in which were 
sealed a wet and a dry bulb thermométer; and 
(2) by combining two streams of air—one dry and 
the other saturated with water vapor at a known 
temperature. Dry air was obtained by forcing air 
through two bottles of concentrated HSQ,, a 
calcium chloride tube, and a long tube filled with 
mineral wool. Saturated air was obtained by 
bubbling air through a long tube containing 
water at a known temperature. The two streams 
of air were mixed in known proportions by 
metering the air through two Venturi flow 
meters, which had been previously calibrated 
against a Sargent gas meter. This means of 
controlling humidity, by combining in known 
proportions dry air and air saturated at a known 
temperature, and a method which involved the 
direct weighing of the loss of water by the 
saturation tube, were used principally as a 
means of calibrating the wet and dry bulb 
thermometer method. The air which ventilated 
the wet bulb was flowing at a rate of approxi- 
mately three meters per second, so that the 
conditions for the use of wet and dry bulb 
thermometers as recommended by the United 
States Weather Bureau were fulfilled. The values 
of relative humidity obtained by this method, 
when using the tables prepared by the Weather 
Bureau, agreed within one to two percent with 
the values of humidity obtained by either 
method 2 or by direct weighing.‘ The values of 


4Tn the work which the author reported two years ago 
(reference 1) the relative humidity of the air was deter- 
mined by wet and dry bulb thermometers, when using an 
old set of tables published by the Smithsonian Institute in 
1868. These tables are in error, especially at low humidities, 
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humidity obtained from the wet and dry bulb 
thermometer were thus regarded as sufficiently 
accurate for the purpose of these experiments, 
and therefore this more convenient method was 
used for determining the amount of water vapor 
in the air; although frequent check measurements 
were made by using either method 2 or by direct 
weighing. The wet and dry bulb method for 
determining the relative humidity of air also was 
found to be a satisfactory method for determining 
the relative humidity of either oxygen or 
nitrogen. 

Practically all of the commonly used methods 
for measuring the rate of decay of sound in a 
reverberation chamber were tested to determine 
the most precise and dependable method. The 
method finally chosen is a modification of the one 
described by Norris and Andree,’ although by 
the method here devised it is possible to measure 
the rate of decay over a range of 70 to 80 db for 
frequencies up to 6000 cycles, 50 db at 8000 
cycles, and 30 db at 10,000 cycles. The apparatus 
and method therefore appear to possess ad- 
vantages for determining the absorption coeff- 
cients of small specimens of acoustical materials, 
especially at high frequencies. 

The general arrangement of the electro- 
acoustical apparatus is shown in Fig. 2. The 
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Fic. 2. Block diagram of electro-acoustical circuit. 


where they give values of relative humidity approximately 
7 percent too low. The error in these tables diminishes 
from 7 percent at low humidities to practically no error 
at nearly saturated air. The data in the earlier publication 
are subject to this correction. 

5 R. F. Norris and C. A. Andree, An Instrumental Method 
of Reverberation Measurement, J. Acous. Soc. Am. 1, 
366-372 (1930). 
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alternating current generated by the vacuum 
tube oscillator does not contain more than one 
percent of harmonics above the fundamental 
frequency. This alternating current operates a 
Western Electric Bostwick loudspeaker, which 
serves as the source of tone. This loudspeaker 
will provide an abundant supply of sound energy 
for frequencies between 1000 and 11,000 cycles, 
It is fastened to an opening in one wall of the 
reverberation chamber, and fits flush with the 
inner wall of the chamber, so that it does not offe,- 
any obstruction to the flow of sound inthe 
chamber. The microphone is a Western Electric 
electrodynamic type which is also fitted in the 
wall of the reverberation chamber in a manner 
similar to the mounting of the loudspeaker. The 
tone picked up by the microphone is amplified by 
a seven-stage amplifier and then passes through a 
band-pass filter to a neon glow lamp. If the 
voltage impressed upon the glow lamp is above 
the critical voltage, about 80 volts, the lamp 
glows. 

The Bakelite disk on the commutator shown at 
the right in Fig. 2 rotates once each four seconds. 
The telephone key A, with broad platinum 
points, is closed at all times except for 0.45 
second while the slotted portion of the Bakelite 
disk is passing the protuberant finger of key A. 
During this 0.45 second, while key A is open, the 
loudspeaker is sounding; during the remaining 
3.55 seconds of each rotation it is silent. The 
contact noises (transients) of key A—especially 
when closing, which stops the tone—are practi- 
cally inaudible, and do not affect the rate of 
decay of the pure tones generated by the 
loudspeaker, as is borne out by the linearity of 
the decay curves for tones of either low or high 
frequency. The lever L, which can be set manu- 
ally at any position on the time dial, has mounted 
on it a pair of sliding contacts shown at B. These 
contacts are closed, by means of the brass inlay, 
for 0.02 second during each rotation of the 
Bakelite disk. The glow lamp is connected in the 
circuit only when key B is closed. If key B is 
closed at a sufficiently short interval of time 
after the tone stops, the glow lamp will flash. If 
it is closed at a much later instant, that is after 
the reverberant sound in the chamber has been 
reduced below a certain critical value, there is no 
flash. By means of the manually operated lever L 
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the key B can be made to close at any chosen 
time, up to 2.0 seconds, after the tone in the 
reverberation chamber is stopped. In making a 
decay curve the attenuator (connected between 
the third and fourth stages of the amplifier) is 
first set at say 60 db, which means that 60 db 
of attenuation is introduced in the amplifier 
circuit. (The attenuator was calibrated for all 
frequencies at which measurements were made. 
Small corrections, especially at 6000 cycles, -have 
been applied to the readings of the attenuator.) 
The lever L is then moved over the time scale 
until the position is found at which the glow 
lamp just doesn’t flash each time the contacts at 
Bare closed. The time which has elapsed between 
the cessation of the tone and the closing of the 
key B is then indicated by the position of the 
lever L. This time interval is just sufficient for the 
decadent sound to reach such a level that, when 
detected by the microphone and amplified 
through the seven-stage amplifier, the voltage 
thus developed will just attain the critical voltage 
required to flash the glow lamp. The time 
interval at which this critical voltage is reached 
will depend, among other things, upon the par- 
ticular setting of the attenuator. By obtaining a 
set of readings of time intervals on the time dial 
corresponding to different settings of the attenu- 
ator, it is possible to obtain data for plotting the 
decay, in db, as a function of the time. Such a 
decay curve is obtained simply by plotting the 
readings of the attenuator against the corre- 
sponding time intervals indicated on the time 
dial at which the glow lamp just does not flash. 
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Fic. 3. Decay curves in large chamber filled with air at 
a temperature of 20°C and a relative humidity of 71 
percent. 
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The setting of the lever L is found to be quite 
critical, and when the paddles in the chamber are 
rotating, repeated settings of the time lever will 
agree to about 0.01 second or less for frequencies 
above 3000 cycles. In general, readings of the 
times for the critical flashing potential of the 
glow lamp are obtained for attenuator settings of 
60, 52, 44, 32, 20, and 12 db. In Fig. 3 are showna 
number of decay curves obtained in the large 
chamber filled with air at a temperature of 20°C 
and a relative humidity of 71 percent. The 
frequency at which each decay curve was 
obtained is indicated above each curve, as is also 
the rate of decay in db per second. 


II. ABSORPTION COEFFICIENTS OF SOUND IN 
Air AT 20°C CONTAINING DIFFERENT 
AMOUNTS OF WATER VAPOR 


The curves in Fig. 4 are decay curves for a tone 
of 6000 cycles dying away in the six-foot chamber 
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Fic. 4. Decay curves for a tone of 6000 cycles in six-foot 
chamber filled with air at 20°C. Note the large increase in 
the rate of decay as the humidity approaches 13 percent 
from either higher or lower humidities. 


filled with air at 20°C. The relative humidity at 
which each decay was obtained is indicated above 
each decay curve. It will be seen that the rate of 
decay was slowest for the most nearly dry air; 
that it reached a maximum at a relative hu- 
midity of about 13 percent; and that it decreased 
again for higher humidities. Similar series of 
decay curves were obtained for frequencies of 
500, 1000, 2000, 3000, 4000, 8000, 10,000, and 
11,000 cycles. In each case the rate of decay 
was slowest for the dry air; the rate of decay 
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reached a maximum at a certain humidity, 
between 5 and 20 percent; and diminished for 
higher humidities. Similar decay curves were 
then obtained, under the same conditions of 
temperature and humidity, in the two-foot 
chamber. 

The two lower curves in each of Figs. 5, 6 and 7 
ij summarize the data obtained on the rates of 
‘ decay in the two chambers for tones of 3000, 6000 
i and 10,000 cycles. Each point in these curves was 
obtained from the slope of a decay curve similar 
to those shown in Fig. 4. The relative humidity 
has been converted into the absolute concen- 
tration of water vapor molecules, and is ex- 
pressed as a percentage. Thus, a concentration of 
1.0 percent of HO molecules corresponds to a 
relative humidity of 43.2 percent at 20°C. 
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Fic. 5. Curves showing the rates of decay in air, in both 
the large and small chambers, for a tone of 3000 cycles. 
Note the nearly constant separation between the two 
lower curves. The uppermost curve shows how the absorp- 
tion increases with a rise of temperature. 
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Fic. 6. Curves showing the rates of decay in air for a tone 
of 6000 cycles 
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Fic. 7. Curves showing the rates of decay in air for a tone 


of 10,000 cycles. 


Although there is some divergence among these 
experimental points—the magnitude of which is 
greater than can be ascribed to the errors of 
measurement, and possibly is attributable to 
some impurity or some peculiar condition of the 
air—they reveal a definite dependence upon 
humidity which must conform very closely to the 
curves as drawn in these three figures. 

These curves furnish the data required by Eq. 
(3) for calculating the values of the absorption 
coefficients m. In Table I is given a set of data 


TABLE I. Values of absorpticn coefficients at 3000 
cycles and 20°C. 











Percen- m 

tage H2O (x16 
molecules 6 bo 36;—62 cm) 52-4 
0.01 2535 73.5 3.0 0.10 48.0 
05 29.0 liso 9.5 me 48.5 
10 35.5 84.5 22.0 14 49.0 
.20 51.5 100.3 54.2 1.82 48.8 
25 54.0 104.0 58.0 1.95 50.0 
.30 50.5 101.4 50.1 1.68 50.9 
.50 37.8 89.0 24.4 0.82 51.2 
1.00 32.0 82.0 14.0 47 50.0 
: 80.0 10.0 33 50.0 


30.0 








and calculations for determining m at 20°C fora 
tone of 3000 cycles. The values of 6; and 62 are 
obtained from the two lower curves in Fig. 5. 
The probable errors in the values of m given in 
Table I are not greater than 10 percent for 
concentrations of water vapor between 0.10 and 
1.00 percent, but the probable errors become 
increasingly larger at lower and higher humidities 
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THE 


because of the dependence of m upon the differ- 
ence 36:—52. If the surface absorption be inde- 
pendent of the relative humidity, and _ this 
certainly seems reasonable, the difference 6.—6, 
should be constant. It will be noted from the last 
column in Table I that this difference is nearly 
constant. The average value of 62.—4; is used for 
calculating In (1—a) by the help of Eq. (4). 

The lowest curve in Fig. 8 was obtained from 
the values of m in Table I. The two other cirrves 
for m at the temperature of 20°C were obtained 
from similar tables based on the data given by 
the two lower curves in each of Figs. 6 and 7. As 
these curves show, the absorption coefficient at 
each frequency has its lowest value for dry air; 
then, as the amount of water vapor in the air 
increases the absorption increases, reaching a 
maximum at a certain concentration, the position 
of the maximum depending upon the frequency; 
and then, as the concentration of water vapor 
further increases the absorption decreases. The 
maximal values of the absorption coefficients for 
frequencies of 3000, 6000, and 10,000 cycles are 
0.000195, 0.000392, and 0.000655 cm™', re- 
spectively. These coefficients are much more 
nearly proportional to the first power of the 
frequency than to the second power, as is 
required by classical theory. They are in the 
ratio of 3.00: 6.03 : 10.08, which is almost 
identical with the ratio of the frequencies. 


III. ABSORPTION COEFFICIENTS IN AIR AND 

WATER VAPOR AT A TEMPERATURE OF 55°C 

To test the effect of temperature on the 
absorption of sound in air and water vapor, the 
two-foot reverberation chamber was enclosed in 
an insulation chamber constructed of Celotex. 
By means of four electrical heating coils the 
temperature inside this chamber was maintained 
at an average temperature of 55°C. A large 
rotating paddle was used to stir the air in the 
outer chamber. This helped to maintain a 
uniform temperature within the chamber—a 
thermometer near the top of the chamber read 
about 3°C higher than a thermometer near the 
bottom. The mean reading of these two thermom- 
eters was taken as the average temperature of the 
air inside the reverberation chamber. 

The uppermost curves in each of Figs. 5, 6 
and 7 give the observed values of the rates of 


ABSORPTION OF 





SOUND 117 


decay in the small chamber filled with air and 


water vapor at a temperature of 55°C, for 
frequencies of 3000, 6000 and 10,000 cycles, 
respectively. From these three curves, the ve- 
locity of sound at 55°C, and the known values of 
a and Is, the coefficients of absorption m at 55°C 
were calculated by means of Eq. (5). (The value 
of the mean free path /, was obtained by direct 
measurement, by using an optical method.* The 
value of /, was 34 cm which was in agreement 
with the value based upon measurements of 
rates of decay in the chamber with and without 
the paddle.) 

The calculated values of m are plotted in Fig. 
8. It will be observed (1) that the maximal values 
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Fic. 8. Curves showing the values of the absorption co- 
efficient m for different concentrations of water vapor, and 
at temperatures of 20°C and 55°C, for tones of 3000, 6000 
and 10,000 cycles. 


of the absorption coefficients occur at practically 
the same concentrations of water vapor as they 
do at 20°C, and (2) that the coefficients at these 
maxima are approximately twice as large as the 
corresponding maxima at 20°C. The maxima are 
in the ratio of 3.00 : 6.83 : 9.17, which, within 
the limits of experimental errors, agree with the 
ratio of the frequencies, namely 3 : 6 : 10. 


IV. ABSORPTION IN AIR AND WATER VAPOR AT 
TEMPERATURES OF —15°C AND 2°C 


The small chamber was maintained at a 
temperature of —15°C by means of COz ice 
inside the insulation chamber. At this tempera- 


6V. O. Knudsen, Architectural Acoustics, pp. 133-135, 
John Wiley and Sons (1932). 
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ture there was no conclusive evidence that the 
absorption coefficient of air was altered as water 
vapor was added to dry air, although the data 
presented in Table II show that with the highest 


TABLE II. Rates of decay of sound in small chamber filled 
with air and HO vapor at — 15°C. 











Percentage Rate of decay, db/sec. 
H:O 3000~ 6000~ 
0.02 76 91 
0.05 78 92 
0.09 78 91 
0.11 80 94 








concentration of water vapor, 0.11 percent (which 
was near saturation at this low temperature), the 
absorption was slightly greater than it was at 
lower concentrations. The absorption is too 
small to make possible a dependable calculation 
of m by the method here used, but m is very 
approximately the same as it is for dry air at 
20°C. (See Fig. 8 for values.) Only the rates of 
decay in the small chamber are given in Table II, 
but these data, compared with those for 20 and 
55°C, indicate the almost negligible effect of the 
water molecule at this sub-freezing temperature 
compared with the very potent effects at higher 
temperatures. 


TABLE III. Rates of decay in small chamber, air, 2°C. 














Percentage Rate of decay, db/sec. 
H:O 3000~ 6000~ 
0.02 75 92 
0.11 87 105 
0.24 98 125 








In Table III some data are presented which 
were obtained with the small chamber maintained 
at a temperature of 2°C. The absorption in- 
creased as the concentration of water vapor was 
increased, and the values of m are less than they 
are for corresponding humidities at a tempera- 
ture of 20°. The actual values of m at this 
temperature are not calculated because it is felt 
that more precise data are necessary before 
reliable values of m can be determined at these 
low temperatures. 
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V. THE ABSORPTION OF SOUND IN OXYGEN anp 
IN NITROGEN CONTAINING DIFFERENT 
AMOUNTS OF WATER VAPOR 


The nature of the absorption of sound in air 
suggests that at least a portion of the absorption 
may result from the transfer of energy between 
translational and either rotational or vibrational] 
forms of energy during molecular collisions, as 
has been suggested by the theories of Jeans? 
Einstein,’ Herzfeld and Rice,’ Bourgin,!® and 
Kneser,!! and also by the experiments of Kneser..2 
For this reason, it appeared desirable to de. 
termine the effect of water vapor on the ab. 
sorption of sound in both oxygen and nitrogen, 
The need for such experiments became urgent 
after some of the preliminary results on air and 
water vapor, described in the preceding sections, 
were investigated during the course of these 
experiments by Dr. H. O. Kneser. Dr. Kneser 
was able to propose a highly satisfactory expla- 
nation of many of the experimental results by 
assuming that a large part of the absorption is 
attributable to collisions between H2O and 0, 
molecules.'* In a paper which Dr. Kneser is 
preparing to accompany this one, his theory will 
be developed; and the degree to which it accords 
with the present experimental findings will be 
considered. 

The following experiments with oxygen and 
nitrogen show quite conclusively that the ab- 
normally high absorption in air is almost wholly 
attributable to an interaction between Oz and 
HO molecules. The two-foot chamber was filled 
with commercial oxygen, and decay curves were 
obtained at 3000 and 6000 cycles with different 
amounts of water vapor admitted to the chamber, 
first when the temperature was at 20°C, and then 
when the temperature was maintained at 55°C. 








7 J. Jeans, Dynamical Theory of Gases, Second Edition. 

8 A. Einstein, Ber. d. Berl. Akad., p. 380 (1920). 

9K. F. Herzfeld and F. O. Rice, Phys. Rev. 31, 691 
(1928). 

10 T), G. Bourgin, Quasi-Standing Waves in a Dispersive 
Gas, J. Acous. Soc. Am. 4, 108-111 (1932), and earlier 
articles in Phil. Mag. and Phys. Rev. 

'H. O. Kneser, Ann. d. Physik 5, 761 (1931). 

2H. O. Kneser, Ann. d. Physik 5, 777 (1931). 

13H. O. Kneser, The Transfer of Vibrational Energy 
between Molecules. Presented at the Washington Meeting 
of the Am. Phys. Soc., April, 1933. Phys. Rev. 43, 1051A 
(1933). 
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Fic. 9. Decay curves for oxygen and water vapor at fre- 
quencies of 3000 and 6000 cycles, and at temperatures of 
20°C and 55°C. 
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Fic. 10. Curves showing values of m in oxygen and water 
vapor at temperatures of 20°C and 55°C. Note that the 
maximal values of m are approximately five times larger 
than the corresponding maximal values for air, as shown 
in Fig. 8. 


Asummary of the results of these decay measure- 
ments is given by the curves in Fig. 9. From these 
curves, using the same values for a and /, as were 
used for air at 55°C, and the approximate value 
for the velocity of sound in oxygen given by 
(yp/p)', the absorption coefficients for oxygen 
containing different amounts of water vapor were 
calculated. The results are plotted in Fig. 10. It 
will be seen that the absorption is much greater 
than it is in air and water vapor. Thus, the 
maximal values of the coefficients m at 20°C are 
0.001030 cm at 3000 cycles and 0.001975 cm 
at 6000 cycles, with a probable error of about 5 
percent. These values are 5.28 and 5.04 times the 
corresponding maximal values of m for air at 
20°C. At 55°C, the maximal values of m for 
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oxygen are 0.001975 cm™ at 3000 cycles, and 
0.003525 at 6000 cycles, with a probable error of 
10 percent. These are 5.67 and 4.51 times the 
corresponding values for air at 55°C. Further, the 
maximal values of the absorption coefficients are, 
as in the case of air, approximately proportional 
to the frequency. Also, the maxima in the curves 
for O2 occur at greater concentrations of water 
vapor than they do in the case of air. Thus, at 
3000 cycles, the maximal absorption for air 
occurs at 0.25 percent of HO molecules com- 
pared with 0.41 percent for O2; at 6000 cycles the 
maximum for air occurs at 0.33 percent compared 
with 0.59 percent for Ox. 

The very large magnitude of the absorption 
coefficient in Oz is of interest. If we lived in an 
atmosphere of oxygen having a temperature of 
20°C and a relative humidity of 26 percent we 
should be able to hear high pitched sounds at 
only a small fraction of the distance we hear them 
in air. The high notes of the violin and piccolo, 
for example, would be completely inaudible at a 
distance of about 50 meters from their source. 

Similar measurements with nitrogen and water 
vapor reveal the interesting result that the 
absorption coefficient in nitrogen, in the fre- 
quency range here investigated, is almost inde- 
pendent of the presence of the water molecule, 
and does not greatly exceed the classical value. 
In Table IV are given the results of the rates of 


TABLE IV. Rates of decay in small chamber filled with 
nitrogen and water vapor, at 20°C and 55°C. 








Rates of decay, db/sec. 





Percentage 3000~ 6000~ 10,000~ 
H.0 we SC 20°C 55°C 20°C 3=— 55°C 
0.02 76 75 85 93 101 110 
0.10 77 77 86 94 101 115 
0.28 77 76 86 95 102 116 
0.70 78 76 86 95 101 115 
1.25 78 76 86 94 101 117 
1.60 79 77 


87 95 102 118 








decay in the two-foot chamber filled with nitro- 
gen and water vapor at temperatures of first 20° 
and then 55°C, for tones having frequencies of 
3000, 6000, and 10,000 cycles. It will be seen that 
the rate of decay is almost independent of the 
humidity or the temperature at any one fre- 
quency for the entire range of humidity, tempera- 
ture, and frequency here investigated. For the 








120 VERN O. 
6000 and 10,000 cycle tones there is evidence of 
increased absorption when the temperature is 
increased to 55°C, and the absorption increases 
slightly as the humidity is increased. 

By referring to Figs. 5, 6 and 7, which give the 
rates of decay in air at these frequencies and 
temperatures, it will be seen that the rates of 
decay in nitrogen and water vapor are very 
approximately the same as those for dry air; and 
therefore since the velocities in air and Ne are 
nearly the same, the absorption coefficients in Ne 
are of the same order of magnitude as are the 
coefficients for dry air. As noted above, at the 
higher frequencies, m increases slightly with an 
increase of either temperature or humidity, but 
the highest possible value of m in nitrogen and 
water vapor is only about 0.0001 cm™ at 10,000 
cycles and 55°C, compared with 0.0010 cm~ for 
air and water vapor. 

It is reasonable to assume that since air is one- 
fifth oxygen and four-fifths nitrogen, since the 
absorption coefficient in oxygen and water vapor 
is about five times as large as it is in air and 
water vapor (at least in the region of greatest 
absorption), and since the absorption in nitrogen 
does not change appreciably as the amount of 
water vapor is changed, especially at the lower 
frequencies of 3000 and 6000 cycles, a large 
portion of the absorption of audible vibrations in 
air must be attributable to an interaction be- 
tween the O. and H.O molecules. Dr. Kneser is 
able to show that this is consistent with theo- 
retical considerations of the collisions between 
molecules. 

The data on the absorption of sound in air lead 
to some interesting conclusions which have a 
practical bearing on the problems of architectural 
acoustics and sound signaling. In large audi- 
toriums, the reverberation of the high frequency 
components of speech and music is affected more 
by the condition of the air in the room than it is 
by the nature of the materials which form the 
boundaries of the room. Thus, at a frequency of 
10,000 cycles—which is now generally regarded 
as lying within the range of frequencies necessary 
for high quality of sound—the value of m at 
70°F and 18 percent relative humidity is 0.000655 
cm, or 0.020 ft.-'. The formula for the rever- 
beration time in a room, taking account of the 
absorption in the air, is 


KNUDSEN 
t=0.05V/L—s In (A1—a)+4mV ].! 


In the limiting case where the boundaries of the 
room are totally reflective, that is a=0, this 
reduces to 


t=0.05/4m =0.05/4X 0.020 = 0.625 second, 


which is the longest possible time of reverberation 
any room can have at a frequency of 10,000 
cycles when the temperature is 70°F and the 
humidity 18 percent. Because of the surface 
absorption, which is always present in a room, 


the actual reverberation time may be con- 
siderably less than this. Of course, this low 
humidity is rarely, if ever, realized in a room 


occupied by people, but even at a relative 
humidity of 50 percent with the temperature at 
70°F the longest possible time of reverberation 
would be 1.30 seconds at 10,000 cycles; and 
because of the surface absorption probably would 
be not much more than two-thirds of this time. 
It is obvious therefore that the boundaries of a 
room should be as non-absorptive as possible at 
these high frequencies. Further, it would seem to 
be necessary to reckon with the phenomenon of 
sound-absorption in air in the design of repro- 
ducing equipment, especially for large theaters, 
or out of doors, where the absorption in the air is 
a large factor. Suitable electrical networks, which 
compensate for the excessive absorption of the 
high frequencies, should be added to the equip- 
ment if high quality sound is to be attained. 
Proper control of the humidity, as well as the 
temperature, is likewise necessary in order to 
secure the highest acoustical quality in all 
auditoriums. 

Sound-signaling in the air by means of high 
frequency beams encounters very serious limi- 
tations because of the absorption in the air. It is 
of interest to calculate the possible effects of this 
absorption in the experiments described by Dr. 
H. C. Hayes at the May, 1933, meeting of the 
Acoustical Society of America. In these experi- 
ments an approximately parallel beam of sound, 
having a frequency of about 6000 cycles, is used 
for determining the course and altitude of 
aircraft. At a temperature of 70°F and a relative 
humidity of 14 percent, the value of m at 6000 
cycles is 0.00039 cm or 0.012 ft.-'. In the case 
of a plane parallel beam, the attenuation would 


“a =-_- op =< OO =o © & © 


the 
this 


tion 
000 
the 
‘ace 
om, 
‘On- 
low 
Om 
tive 
> at 
‘ion 
and 
uld 
me, 
fa 
> at 
1 to 
1 of 
ro- 
ers, 
ris 
‘ich 
the 
lip- 
ed. 
the 
to 
all 


mi- 
t is 
his 
Dr. 
the 
eri- 
nd, 
sed 

of 
ive 
00 
ase 


uld 


THE 


amount to 0.051 db per foot. Hence at an 
altitude of 500 feet, such a beam would suffer an 
attenuation of 51 db in going from the aircraft to 
the reflecting surface below and back again to the 
aircraft. In view of other limitations, such as (1) 
the unavoidable losses owing to imperfect re- 
flection and to divergence of the reflected beam, 
(2) the masking effect of any aircraft noise on the 
sound to be detected, and (3) the finite intensity 
of the source, it seems probable that about 500 
feet is the maximal altitude (for a temperature of 
70°F and a relative humidity of 14 percent) at 
which a 6000 cycle tone could be heard after 
reflection from either a water or an earth surface. 
At humidities more commonly encountered, 
namely 50 percent or more, the absorption in the 
air would be very much less, so that under such 
conditions a 6000 cycle signal might be heard up 
to altitudes of 1000 or 1500 feet. The results of 
the present investigation would seem to warrant 
the use of a frequency considerably lower than 
6000 cycles for acoustical altimeters and for all 
long range signaling in air. The data on the 
absorption of sound in air, together with other 
considerations, such as are mentioned earlier in 
this paragraph, should make it possible to choose 
the optimal frequency for long range acoustical 
signaling. It is apparent that the optimal fre- 
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quency will not be the same for different con- 
ditions of temperature and humidity; but for 
given weather conditions it should be possible to 
select the most favorable signal frequency. 

In summary, the results of the present in- 
vestigation not only provide coefficients which 
are useful for calculating the attenuation of 
audible sounds as they are propagated through a 
room or through a free atmosphere of known 
humidity and temperature, but, what may prove 
to be of far greater interest and value, they reveal 
a means of gaining new information concerning 
the structure—and possibly important reactions 
—of gaseous molecules. Some of these molecular 
phenomena will be considered in the paper by 
Dr. Kneser. 

The author wishes to acknowledge the valued 
assistance of Messrs. Lewis A. Delsasso and 
Leonard Obert. Mr. Delsasso has assisted in the 
design and construction of the apparatus, and 
Mr. Obert has assisted in making many of the 
experimental observations. Finally, the author is 
indebted to Dr. H. O. Kneser of Marburg, 
Germany, whose careful study of this problem 
has given more specific and meaningful purpose 
not only to the experiments described in this 
paper but to subsequent ones which will be 
reported later. 
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The Interpretation of the Anomalous Sound-Absorption in Air and Oxygen in Terms 
of Molecular Collisions 


Hans O. KNEsSER, University of California, Berkeley! 
(Received August 2, 1933) 


HE anomalous sound-absorption in moist 
air recently discovered by V. O. Knudsen? 
cannot be explained on the basis of the classical 
theory of Rayleigh, Kirchhoff and Stokes. The 
classical absorption in air due to heat conductiv- 
ity and internal friction increases proportionally 
with the square of the sound frequency and 
depends very little on small amounts of admixed 
foreign gases, whereas the anomalous absorption 
increases only linearly with frequency and de- 
pends in a very characteristic way on the amount 
of water vapor present. Moreover, it is about ten 
to one hundred times as large as the value 
predicted by the classical theory. 

The few data on sound-absorption in air which 
were known before Knudsen’s investigation also 
showed much larger values than could be ex- 
plained by the classical theory. In an earlier 
paper*® the author pointed out that this can be 
interpreted in terms of the rate of adjustment of 
the internal equilibrium between vibrating and 
nonvibrating (normal) O2 molecules. This has 
been confirmed to the full extent by the present 
investigation, some interesting new facts being 
developed thereby. 

The basic mechanism may be briefly explained 
again. When a gas is compressed adiabatically a 
certain amount of the energy applied is turned 
over into internal energy of the molecules, in the 
present case into vibrational energy of the 
oxygen. In reversing the process the total amount 
of energy is regained provided that the com- 
pression and the expansion took place so slowly 
that the gas ran through states of equilibrium 
only. If, however, the gas is compressed and 
expanded within a time interval which is of the 


1 This paper was read before the meeting of the American 
Physical Society at Washington, D. C., April 29, 1933. 
2V. O. Knudsen, J. Acous. Soc. Am. 3, 126-138 (1931). 
(See also preceding article by V. O. Knudsen, p. 112.) 
3H. O. Kneser, Ann. d. Physik 16, 337 (1933). 


order of the time required to establish the 
thermal equilibrium between normal and yj. 
brating molecules, then a certain fraction of the 
vibrational energy has not yet been reversed into 
mechanical energy after the expansion is finished, 
This energy is used for raising the temperature, 
the process being no longer reversible. Finally, if 
we carry out the process during a time which js 
very short compared with the rate of adjustment, 
no energy at all is transferred into internal energy 
during the compression and consequently no 
energy is absorbed. 

Alternating compression and expansion takes 
place when a sound wave travels through the gas. 
Therefore we should expect: (1) no energy 
absorption at very low and very high sound 
frequencies, and (2) maximum absorption for a 
sound wave whose frequency (rate of pressure 
variation) equals approximately the rate of 
adjustment of thermal equilibrium. 

The exact relation between absorption coeff- 
cient and frequency can be derived from Ein- 
stein’s theory of sound dispersion in a partially 
dissociated gas.‘ The present calculation differs 
from that described in Einstein’s theory insofar 
as no change in the number of moles occurs in 
changing the equilibrium. Instead of a reaction 
between atoms and molecules we have to deal 
with the monomolecular reaction between vi- 
brating and normal molecules.® The equation 
which describes the rate of this reaction may be 
written as follows: 


—dn*/dt =k n* — kon. (1) 


(n*=number of moles of vibrating molecules; 


‘A. Einstein, Ber. d. Berl. Akad. S. 380 (1920). 

5 Although calculations similar to the following have 
already been carried out by several authors (compare e.g., 
P. S. H. Henry, Proc. Cambridge Phil. Soc. 28, 249 (1932) 
and A. J. Rutgers, Ann. d. Physik 16, 350 (1933)), it may 
be useful here to derive again the absorption formula in 
the shortest and most suitable way. 
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ANOMALOUS SOUND-ABSORPTION 


n=number of moles of normal molecules.) k; and 
k. may depend upon temperature and concen- 
tration of both kinds of molecules. Considering 
equilibrium (dn*/dt=0) we derive immediately 


ko: ky =o" : no=k, (2) 


no* and mp being the equilibrium values of n* and 
n; and k, the equilibrium constant, being a 
function of the temperature only; namely 


k= Fe-EIR?, (3) 


where F is a numerical factor, E is the vibrational 
energy per mole (energy quantum X Loschmidt 
number), R is the gas constant, and T is the 
absolute temperature. As the total number of 
moles remains constant we have 


n* +n = N=const. (4) 


Supposing that all changes of state are harmonic 
in time, with frequency v=w/27 we may replace 
the left side of Eq. (1) by —jwn*, and regarding 
Eq. (2) we get: 
" —jon* =k (n* —kn) 

— jwAn* =k,(An* —kAn—nA&k)+Ak,(n* —kn). 

As we deal only with small deviations from 
equilibrium (”*—no*<no*, thus n*—kno<no*, 
and therefore n*—kn<n), the second term is 
small—of the second order—and can be dropped. 
Considering that Ak=(E/RT?*)kAT (compare 


(3)), and replacing An by — An* (compare (4)) we 
finally obtain 


—jwAn* = k,(An*+kAn* —(E/RT?)nkAT) 
(1+k+jw/ki)An* =(E/RT?)nkAT. (5) 
Furthermore, we make use of the law of con- 
servation of energy: 
EAn* + N(CAT-+ pdv) =0. - (6) 
(v=volume per mole; C=heat capacity at con- 


stant volume per mole), and the equation of 
state for an ideal gas: 


A(pv) = RAT. (7) 


Finally, we have to transform the well-known 
expression for the sound velocity (f) in gases: 


f?=Ap/Ap 
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p is the molar density, or 1/v X molecular weight 
(M). Putting Ap=(A(pv)—pAv)(1/v) and Ap 
= —(M/v*)Av = — p(Av/v), we get 





1 1 17 A(po) 
jie —(pa0—A(p0))-=-( p- ). (8) 
p Av v op Av 


From (5), (6), (7) and (8) the A can be eliminated 
by a simple algebraic procedure resulting in the 
final equation 


Ap ~ 
-—-"( + ‘ ). (9) 
Ap p C+Ci/(A+k+jw/k:) 





f 


where C; stands for the expression (E?/7?R) 
X (n/N), which from the quantum theory of 
specific heat is known as vibrational internal heat 
capacity. 

The complex value of f? indicates that there is a 
phase lag (y¥) between the variation of pressure 
and condensation which results in dispersion as 
well as absorption. To derive the absorption 
coefficient we may write conveniently 


f2=(vd)%ei¥, 


4 1 v ¥ 
—=— ce K0l® -—(cos ——j sin “). 
f mom vr 2 2 


Thus, for the intensity of a plane sound wave, 
which is proportional to the square of the pres- 
sure, we obtain: 


I,=I) cos? w(t—x/f), 


72! ew 
=I) exp 2ja( 1-2 — cos ——j sin — : 
vr 2 2 
23 yx 
I,= exp| ~20 sin 
0 29n 


uw=2n2 sin (y/2) is the absorption coefficient per 
wave-length defined by the equation 


de = Toe #?!>, 


which is connected with the experimental magni- 
tude m by the relation m=y/X. 

Although there is no serious difficulty in 
deriving the absorption formula in a rigorous 
way, the calculation becomes much easier if we 
consider only the case that k<1, which as- 
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sumption implies C;<C and sin (y/2)<1.° 
Therefore we may write as well «=27 tan y and 
calculate tan y as the quotient of the imaginary 
and real part of f? (9). The result is 


m=2rLR/C(R+C) ]Cikiw/ (ki? +w?). (10) 


As we had expected before » turns out to have a 
maximum for w=k;: 


Mmax = 27 R/C(R+C) ]C;/2. (11) 


As a first result we notice that max =pmax/A 
increases proportionally with the frequency 
which is in agreement with the experimental data 
(compare Knudsen’). 

The question arises whether any other kind of 
internal energy but vibrational energy of the Oz 
molecules may cause the anomalous absorption. 
We know that the equilibrium of translational 
and rotational energy is reached very rapidly 
(within less than 10~-® seconds) and therefore 
cannot affect sound waves of a period larger than 
10-* seconds. The vibrational energy of Ne at 
room temperature is too small; and the equi- 
librium between O2 and O, or HO and (H:O). 
molecules might cause an appreciable effect, but 
it would decrease very rapidly with increasing 
temperature, which is not consistent with the 
experimental results. 

The only possible explanation therefore is that 
the anomalous absorption is due to the vi- 
brational energy of the O2 molecules. This is 
confirmed by the fact that the absorption 
increases to about five times its value in pure 
oxygen instead of air, and vanishes almost 
completely in using pure nitrogen. Furthermore, 
we get a quantitative proof for our assumptions 
in computing the maximum value of yu. This, 
according to formula (11), does not depend 
either on w or k;. Thus, it can be calculated from 
the well-known value of E for O2 (4420 cal. /mole) 
which also determines the vibrational heat ca- 
pacity C;. The Table I shows that the agreement 


6In the present case (E=vibrational energy of Oy) 
ko/k, is 5X 10-4 at T =293°K, and 11.1 10-4 at T=328°K. 
Of course for the higher vibrational states k2/k; is still 
much smaller. It is only under this condition that the 
theory of sound-absorption can be based on the simple 
Eqs. (1) and (6). At J=293°K, C; amounts to 0.03 
cal./mole/degree; therefore with C=5/2R, Ci/C becomes 
0.006, and y is about 0.17°. 
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between calculated and observed data are very 
satisfactory. 











TABLE I, 
‘i Freq. Mmax* 10! 

Gas (°K) (kc) Obs. Cale, 
Air 293—Ci«w 3 21.742 21.8 
a si 6 20.6+1 “ 
“ sa 10 21.1+1 “ 

328 3 41.0+6 39.4 
- 6 44.4+4 “ 
10 35.9+4 - 

Os 293 3 106+10 104.0 
* 6 103+10 ™ 
= 328 3 201 +20 188 





6 189+19 





In order to account for the dependence of u 
upon the percentage of H2O molecules one has to 
assume that k; is proportional to the square of 
the ratio (4) of the number of HO to the number 
of air or oxygen molecules. Putting 


k, =3.56 X 10° h? (sec.—!) for air, 
and 

k,=1.05 X 10° h? (sec.—!) for oxygen, 
almost perfect agreement with the observed 
values is obtained as shown by Figs. 1 to 3. 
No other empirical constants are used for calcu- 
lating the whole set of six curves for air and the 
four curves for oxygen. On the other hand, by 
choosing k; proportional to the first power of h 
the calculated absorption curves would be twice 
as broad and the concentration at which maxi- 
mum absorption occurs would be proportional to 
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the frequency which is not consistent with 
experimental results (compare Knudsen’s Figs. 8 
and 10). 

We may obtain immediately a physical inter- 
pretation of these results by solving Eq. (1) from 
which » can be eliminated by means of (4): 


n* = Ae~(kitk2)t+ NRo/(ki +k). 
As ke is very small compared to k;® we may write 
n* = Ae*i'-+RN., 


1/k, is the time required to reduce a disturbance 
of the equilibrium to 1/e of its initial value (A); 
in other words, 1/k; is the time of adjustment of 
the equilibrium. From the standpoint of the 
kinetic theory this can be interpreted as the mean 
lifetime of the vibrating molecule, or more 
exactly as the mean life of a quantum of vi- 
brational energy (regarding the fact that the 
total number of vibrating molecules is not 


changed when vibrational energy as such is 
transferred from one molecule to another). 

Our result k;=constant Xh? obviously indi- 
cates that the mean life of the vibrational 
quantum is very strongly affected by H.O 
molecules. In other words, the quantized vi- 
brational energy very rarely is transformed into 
any other kind of energy by means of collisions 
unless water molecules participate. Moreover, 
the very surprising fact that k; depends quad- 
ratically on h seems to indicate that two HO 
molecules are involved in the process of trans- 
forming energy. Collisions with normal O2 mole- 
cules seem to be almost ineffective; the efficiency 
of collisions with Ne is a little greater but also 
very small compared with H,O. 

At h=5X10- (corresponding to 21.6 percent 
relative humidity at 20°C) we get k:=25,000 
sec.! in Oe; or the mean lifetime of the vibra- 
tional quantum is 4X10 seconds. As the time 
between two successive collisions is about 3 
<10-" seconds, the quantum on the average 
endures for 1.3 X 10° collisions with other particles 
without being transformed; among them are 650 
collisions with water molecules. 

Presumably with no water molecules present 
an upper limit of the lifetime 1/1, is given by the 
time between two collisions with the walls which 
is of the order of several seconds. 

Analogous considerations apply to the magni- 
tude k2 which at constant temperature is pro- 
portional to ky. 1/ke represents the mean time 
during which the Oz molecule stays in its normal 
state. It amounts to 5.6-10-7 h~® seconds and 
1.9-10-7 h~ seconds, in air and pure oxygen, 
respectively. For h=5-10-* this is about 0.22 
seconds and 0.76 seconds, respectively. k2 meas- 
ures the probability of the excitation of the 
vibration quantum. 

Regarding the dependence upon temperature 
we see from the curves that k; is practically the 
same for 7=293 and T=328°K. This is just 
what we should expect from statistical me- 
chanics, remembering that ke represents the 
probability of excitation, and making use of the 
analogous formula for the probability of dis- 
sociation,’ we obtain 


7 Compare, e.g., R. H. Fowler, Statistical Mechanics, 
p. 460, Cambridge, 1929. 
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kow~ 7 sa". 
m being not very much larger than unity. From 
(2) and (3) we get 

ki=k2F-'e®/27, 
and therefore ki~7-”. From this we should not 


expect a noticeable change of k; in changing 7 
from 293 to 328°K. This consideration is based 


KNESER 


upon the assumption that the process of exci- 
tation does not require more energy than the 
energy of the quantum. Thus, we may draw the 
conclusion that the process does not require a 
surplus energy which may be called heat of 
activation, or in other words that the relative 
kinetic energy of the colliding molecules can be 
entirely transformed into vibrational energy. 
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On Frequency Modulated Signals in Reverberation Measurements 


FREDERICK V, Hunt, Harvard University 
(Received June 26, 1933) 


A point-by-point curve tracer, similar to that described 
by Norris and Andree but modified to permit variations 
in sound intensity to be measured by a substitution 
method, is employed to study the reverberant decay of 
pure tones and tones having various degrees of frequency 
modulation (so-called ‘‘warble’’ tones). Straight lines 
(db vs. time) are fitted to the decay curves by an analytic 
process which is described. The deviations of individual 
points from the best straight line are computed and found 
to fall into systematic time patterns which are critically 
dependent upon frequency and upon the position of either 
microphone or loudspeaker in the sound chamber. Major 
characteristics of the time-deviation pattern usually persist 
as the frequency modulation of the source is increased 
but the magnitude of the deviations may be reduced 


I. INTRODUCTION 


HE existence of standing waves, due to 

interference, has always presented a serious 
problem in objective reverberation measure- 
ments. Experimental sound decay curves exhibit 
large fluctuations from the (theoretical) ex- 
ponential form, because of time shifts of the 
interference pattern. Various experimental arti- 
fices are employed for averaging out these 
fluctuations, one of which comprises the use of a 
frequency modulated source, or warble tone. 
This method is attractive in its simplicity and its 
adaptability for field work, but its use has been 
attended with some uncertainty as to the 
optimum degree of warble. Barrow!' has given an 
analysis of the use of warble tones in steady state 
measurements but the problem involved in 
reverberation is essentially different. E. Meyer? 
has given a short table showing the reduction in 
error due to the use of the warble tone but only 
for a single frequency. The present work consti- 
tutes a quantitative study of the advantages 


'W. L. Barrow, On Interference Elimination with the 
Warble Tone, J. Acous. Soc. Am. 3, 562 (1932). 

2E. Meyer, Ein Neues automatisches Verfahren der 
Nachhall messung, Zeits. f. tech. Physik 11, 253 (1930). 


considerably. An approximate relation between the average 
deviation and the fractional frequency modulation (Af/f) 
is given. In view of the frequency selectivity of absorption, 
twenty percent is recommended as a satisfactory degree 
of warble for all frequencies. It is pointed out that large 
errors in the measured decay rate may arise from an 
ordered arrangement of the time-deviation pattern. An 
evaluation of these errors in terms of the average deviation 
of the experimental points from linearity is given which is 
believed to be applicable generally to any sound decay 
measurements. It is concluded that the warble tone is 
distinctly useful for securing decay curves that are more 
nearly linear but that space effects may stil! exist which 
are capable of introducing serious errors. 


gained by employing the warble tone in re- 
verberation measurements. 


II. EXPERIMENTAL METHOD 


The method adopted for tracing the decay 
curves is a modification of a very old scheme 
which appears to have been used first by Lenz in 
1849 for the study of wave form in alternators. 
Joubert used it again in 1880 for the same 
purpose and it has been called since then 
‘“Joubert’s contact method.’* Employed for 
many years in elementary laboratories for the 
study of transient electrical phenomena, it has 
been applied recently to the study of sound decay 
by Norris and Andree.‘ > The operation of the 
curve tracer is illustrated by the recurrent cycle 
shown in Fig. 1 and is described fully in the 
references cited.*: > Early models of this contact 
method depended upon the use of an observation 
interval, 6¢, very short compared with the period 
of the phenomenon under study in order that the 


3 Laws, Electrical Measurements, p. 613. 
‘Norris and Andree, An Instrumental Method of Re- 
verberation Measurement, J. Acous. Soc. Am. 1, 366 (1930). 


’ Norris, Application of Norris-Andree Method, J. Acous. 
Soc. Am. 3, 361 (1932). 
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Fic. 1. The recurrent sound cycle in the chamber. 


average value of a section of the curve ét seconds 
wide should not differ sensibly from the value at 
some time, say ¢;, within the interval. Andree has 
shown, however, that even for a ‘“‘finite’’ obser- 
vation interval, if the decay curve itself is 
exponential, then the trace yielded by this 
method will also be exponential and will have the 
same slope as the original curve. Experimental 
evidence bearing on this point is presented 
below. 

A functional diagram of the apparatus as- 
sembly is shown in Fig. 2. The sound pickup is of 
the moving coil type and was connected (with 
appropriate transformers) through an accurate 
attenuator to the input of a five-stage resistance- 
coupled amplifier having a gain of approximately 
95 db. The position of the attenuator in the 
circuit preceding the amplifier is significant since 
it permits the operation of the curve-tracer by a 
“substitution method.” Variations in intensity of 
the signal delivered to the microphone are 
“substituted”’ by corresponding variations of the 
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Fic. 2. Functional diagram of the sound decay curve tracer. 
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attenuator setting so that, under all conditions, 
exactly the same input signal is delivered to the 
input terminals of the amplifier. This carries the 
advantage that no dependence need be placed 
upon the linearity or absolute calibration of the 
amplifier. The galvanometer used in the output 
circuit of the vacuum tube voltmeter was of 
moderate sensitivity, had a period of 32 seconds, 
and was very highly damped. Under normal 
operation the galvanometer, receiving impulses 
lasting for 0.05 sec. and spaced 1.0 sec. apart, 
would maintain a steady deflection, constant 
within 0.5 mm. The sensitivity of the vacuum 
tube voltmeter and galvanometer to changes 
in signal intensity was such that a change of 
0.1 db would produce a deflection of about 1 mm 
so that settings could be made to this degree of 
accuracy with considerable certainty in spite of 
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Fic. 3. The variation of frequency with angular position 
of the rotating condenser. 


the intermittent character of the signal applied 
to the amplifier input. 

The warble tone generator consisted of a beat 
frequency oscillator in which provision was made 
for connecting an external rotating condenser in 
parallel with the tuned circuit of one of the 
beating oscillators. Control of the degree of 
warble was effected by introducing a variable 
condenser of the conventional type in series with 
the rotating condenser. The exact nature of 
the warble tone produced by this generator is 
illustrated in Fig. 3 which shows the frequency of 
oscillation plotted as a function of the angular 
position of the rotating condenser. 

The choice of the warble frequency, a (i.e., the 
speed of the rotating condenser in r.p.s.) is 
dictated partially by the fact that it is necessary 
to exercise accurate control over the point in the 
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ON FREQUENCY 
frequency variation cycle at which the loud- 
speaker is cut off. This indicates that the 
spectrum of a finite wave train with varying 
frequency, as employed here, does depend to 
some extent on the cut-off point. A synchronous 
motor drive for the rotating condenser provided 
this control and the gearing was chosen so that 
the condenser would execute a_ non-integral 
number of revolutions per second (actually 6.25 
r.p.s.). This makes the point of cut-off move 
progressively through the frequency variation 
cycle and yields an average reading on the output 
galvanometer typical of the complete cycle. 

The remainder of the system 
conventional, the power amplifier having a 
capacity of 15 watts with distortion products not 
exceeding 10 percent. 

The commutator for performing the switching 
operations comprised a small synchronous motor 


source was 


with self-contained gearing to a countershaft 
bearing any one of several small canvas Bakelite 
commutators each having two sets of brass 
contact inserts, one for the two fixed brushes 
operating the loudspeaker relay and one for the 
moving brushes operating the microphone relay. 
Both gears and commutators could be changed 
easily for the selection of a commutation cycle 
adapted to the rate of decay of sound in the 
room under test. The moving brushes were 
mounted on a Bakelite crank arm carried by the 
shaft of an aluminum dial mounted coaxially 
with the commutator shaft (see Fig. 4) so that 
the dial 
direct-reading time scale. Four combinations of 


the divisions marked on afforded a 





Fic. 4. The synchronous commutator. 
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gearing and commutation were provided for this 
investigation as shown in Table I. 


TABLE I. The commutation cycles employed. 








Loudspeaker Loudspeaker Observation 








on off interval 
Combination (seconds) (seconds) (seconds) 
B-1 0.31 0.69 0.05 
B-2 0.62 1.38 0.10 
C1 0.32 0.68 0.15 
C-2 1.36 0.30 


0.64 








Ill. THE SouND CHAMBER 


The reverberation chamber employed for these 
tests had a volume of approximately 2000 cu. ft. 
and a reverberation time, when bare, of approxi- 
mately 3 seconds. In order to reduce the rever- 
beration time of the chamber to a value that 
would permit the decay curves to be traced more 
rapidly, 168 sq. ft. of ‘“Nu-wood”’ were distributed 
over the floor and two adjacent wall surfaces. 
Since this did not provide an entirely uniform 
distribution it was not expected that the decay 
curves would be entirely linear. Fig. 5 shows a 
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Fic. 5. Decay curve, showing the appearance of a second 
decay rate in the sound chamber. 


decay curve taken under the conditions desig- 
nated as C-2 in Table I (most favorable for 
tracing a long period of decay) and indicates 
clearly that a second rate of decay does appear in 
this sound chamber after about 0.5 sec. of 
decay. It is indicated with equal certainty, 
however, by this and many other curves, that uu 
such complication is present during the first 
0.5 sec. Accordingly the portion of the decay 
curves extending from 0.025 to 0.525 sec., 
measured from the beginning of the decay period, 
is selected for further study. 
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IV. CurvVE FITTING 


At the outset of this work it was felt that the 
efficacy of the warble tone could be evaluated in 
terms of the deviation of experimental points 
from linearity. This implies that a straight line 
can be fitted to the data, a task that becomes 
more difficult as the curves become more erratic. 
An analytic process of curve fitting that is well 
adapted to this situation has been given by 
Pierce. The assumptions involved may be illus- 
trated with the aid of Fig. 6. It is not sufficient to 
average the successive intervals a—0, b-c, and c-d, 
for this yields only the slope determined by the 
end points and the intermediate observations 
might as well not have been made. A priori, any 
pair of points might be said to constitute an 
independent measure of the decay rate; hence 
the slope determined by every pair of points must 
be included in computing the average. Further- 
more, these individual slopes should be weighted 
in the average according to the distance sepa- 
rating the pair of points along the time axis; for 
if one observation, say }, is depressed one decibel 
by fortuitous interference, then the slope de- 
termined by the point 6 and some other obser- 
vation will be altered by this fact in exact inverse 
proportion to the time separating b and the other 
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Fic. 6. Sample data, illustrating the method of curve fitting, 


observation. This weighting factor permits inter- 
ference to affect all elements uf the average 
equally and therefore to average itself out to best 
advantage. 

Analysis of these assumptions leads to an 
evaluation of the weighting factor to be applied to 
each interval and, in the nomenclature of Fig. 6, 
the following expression is available® for the 
weighted average slope :’ 


AN (n—1)6;+2(n—2)62+3(n—3)53+> ++ (m—1)6,-1 








Ta 


where N,, No, , , 
and 


, NV, are the observations 


6:5=N,-—Naz, 6o= No— Ns, ‘es Ss bn-1= Na-1—Nna. 


The weighted average slope determined by the 
experimental points having been found, it re- 
mains to fit a line having this slope to the points. 
This is accomplished by adjusting the proper line 
vertically until the net deviation of the experi- 
mental points vanishes. The average deviation is 
then computed in the usual manner. All of the 
straight lines drawn on the following curves have 
been fitted in this manner. 


6G. W. Pierce, Piezoelectric Crystal Oscillators Applied 
to the Precision Measure of the Velocity of Sound, Proc. 
Am. Acad. Sci. 60, 271 (1925). 


[(m—1)+2(n—2)+3(n—3)+---(n—1) At 





V. EXPERIMENTAL RESULTS 
1. Time-deviation patterns 


One of the most striking conclusions to be 
drawn from the present work concerns the 
existence of systematic and repeatable time 
patterns in the deviation of the sound decay 
curves from linearity. These patterns are critic- 
ally dependent upon the position of either micro- 
phone or loudspeaker in the sound chamber and 
upon the frequency employed, but with these 
conditions held constant the patterns may be 
repeated faithfully from day to day. Fig. 7 
shows a group of decay curves corresponding to 


7 It will be obvious that a similar analysis can be written 
for the case in which the observations are equally spaced 
along the intensity axis. 
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Fic. 7. The effect of position upon the deviation patterns. 
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Fic. 8. The effect of frequency upon the deviation patterns. 


various positions of the microphone (right-hand 
column) and loudspeaker, while Fig. 8 shows a 
group of decay curves for different frequencies. 
The lower curve of Fig. 8 illustrates how 
critically the pattern may depend upon fre- 
quency, for the two branches of the curve, 
marked f, and fo’, correspond to a frequency 
change of only one cycle per second. 


2. Effect of the commutation cycle upon the 
deviation patterns 

Fig. 9 shows a set of four curves illustrating the 
effect of the commutation cycle upon the decay 
curves. It will be seen that these curves are in 
good qualitative agreement, except that Fig. 9a, 
taken with the shortest observation interval, 
shows higher resolution by exposing an irregu- 
larity during the first 0.15 sec. of decay. This 
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irregularity is smoothed out by the _ longer 
observation interval employed for the other 
curves, yet even so long a contact as 0.3 sec. fails 
to remove the “high’’ in these curves around 
t=0.2 sec. It is concluded that alteration of the 
commutation cycle is without essential influence 
upon the shape of the time-deviation patterns 
and that the use of a long observation interval is 
of limited value in smoothing out the irregu- 
larities due to standing waves. 

Attention may be called to the variations in 
the average slopes as they are noted on these 
curves. Since identical room conditions prevailed 
for this series of measurements it would seem 
that all should yield the same slope, whether it is 
the correct one or not. This point is discussed in 
more detail below, but it may be pointed out in 
this connection that the slopes do approach a 
constant value as the curves themselves approach 
straight lines. In other words, when the devi- 
ations are large the best straight line may vary 
considerably in slope, but as the deviations 
become small all of the curves approach the same 
straight line. This is in complete accord with 
Andree’s analysis. 4 





3. Influence of warble tones upon the deviation 
patterns 

Fig. 10 shows a series of sound decay curves 
recorded under identical conditions for a mid- 
frequency of 500 c.p.s. and for various degrees of 
warble. As was anticipated, an increase in the 
degree of warble results in a very material 
reduction in the nonlinearity of the decay curves. 
What had not been anticipated was the fact that 
major characteristics of the time-deviation pat- 
terns could be reproduced qualitatively as the 
degree of warble was increased and that the 
gradual disappearance of large group deviations 
could be traced from one curve to the next. In 
order to establish that this behavior is not 
peculiar to the frequency chosen, a similar set of 
curves is shown in Fig. 11 for a midfrequency of 
1000 c.p.s. and other data might be presented for 
frequencies of 250 and 2000 c.p.s. 

These data may be summarized by the 
diagram of Fig. 12. It may be pointed out that 
the average deviation from linearity of the points 
on a decay curve is not alone a function of the 
degree of warble but also depends to some extent 
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Fic. 9. The deviation pattern for 


upon the position of the loudspeaker and micro- 
phone in the test chamber. It results, therefore, 
that when the average deviation is plotted 
against degree of warble the points do not lie 
upon a single curve but rather fall within a zone, 
the boundaries of which will set up approximate 
limits for the average deviation likely to be 
encountered for a particular degree of warble. 
All of the seventy-odd decay curves analyzed in 
the course of this study are represented on this 
diagram, including series of decay curves for mid- 
frequencies of 250, 1000, and 2000 c.p.s. as well 
as the extended measurements at 500 c.p.s. All 
but two of these points (i.e., 97 percent) fall 
within the zone limits designated in Fig. 12 and 
it is advanced that these boundaries are suff- 
ciently well fixed to serve as a basis for selecting 
the most satisfactory degree of warble. In view of 
the desire to limit the warble band on account of 
the frequency selectivity of absorption, twenty 
percent is recommended as a satisfactory figure 
for the fractional frequency modulation, Af/f. 
The selection of the fraction Af/f as a criterion 
of merit for the warble tone in reverberation 
measurements appears to be justified. Barrow 
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has pointed out! that while the “index of 
modulation,” Af/a, is the factor which controls 
the character of the warble spectrum (i.e., the 
distribution of amplitude among the compo- 
nents), it is the fractional frequency modulation 
which indicates the effectiveness of the warble 
tone in averaging out the space interference 
pattern. A study of typical frequency modulation 
spectra, as presented by van der Pol,’ indicates 
that the index, Af/a, should be kept equal to or 
greater than 3.0 in order to ensure a reasonably 
uniform distribution of amplitude among the 
components of the warble; but so long as this 
requirement is satisfied the warble frequency, a, 
seems to be without influence upon the effect of 
the warble tone in alleviating space interference. 


4. Influence of the time-deviation patterns upon 
the accuracy of determination of decay 
rates 


We come now to a discussion of the funda- 
mental problem upon which this work bears, 
namely, the accuracy with which decay rates can 


8 Balth. van der Pol, Frequency Modulation, Proc. I. R. 
E. 18, 1194 (1930). 
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Fic. 10. The effect of frequency modulation of the source upon the sound decay curves, 500 c.p.s. 


be determined. The analytic curve fitting process 
used here is completely justifiable but it is 
tedious. Most workers in the field would insist 
upon securing experimental points lying close 
enough to a straight line to permit the line to be 
drawn in by inspection. One of the important 
results of this study, however, is to point out that 
serious errors may arise due to shifting of the 
interference pattern, beyond those due to the 
uncertainty of fitting straight lines to the data. 

Fig. 13 will illustrate the circumstances in- 


volved. Curves a, b, and ¢ represent three decay 
curves obtained for three different positions of 
microphone and loudspeaker. Hardly anyone 
would quarrel with the straight lines fitted to 
these curves, yet the slope of these lines ranges 7 
percent above and below what is believed to be 
the correct average slope for this frequency. 
When we compute the deviation patterns for 
these curves (measured from the ‘‘true’’ slope, 
see below) the nature of the situation becomes 
apparent. Fig. 13d shows these deviation patterns 
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plotted on a much enlarged scale and reveals that 
the chance arrangement of the pattern may be 
such as to raise the first part of the curve and 
to depress the latter part, or vice versa. The result 
is that a straight line fitted to the points, either 
by inspection or by computation, may be in 
gross error. Moreover, no amount of repetition of 
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this curve will succeed in averaging out an error 
of this kind; nor will any other method of 
observing the decay curve, such as the instru- 
mental (or auditory) threshold method, be free 
from the error. 

If we restate the argument in slightly different 
terms we can secure a quantitative measure of 
the uncertainty in the decay rate due to these 
deviation patterns. Consider a sound decay curve 
for whose experimental points we have found an 
average deviation from linearity of one decibel, 
This means that the shifting interference pattern 
in the chamber is producing a time-deviation 
pattern of one decibel ‘‘amplitude’”’; but, since 
this pattern is an irregular function of position in 
the chamber, any arbitrarily selected position 
may yield an ordered pattern capable of intro- 
ducing large errors. The average deviation of the 
experimental points may be taken to represent, 
therefore, the magnitude of the possible error in 
the decay rate measurement. 

Fig. 14 is a graph designed to evaluate these 
errors. All of the experimental results obtained 
at 500 c.p.s. have been compared with the 
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“true” slope referred to above and the errors 
plotted against the average deviations. 59 ana- 
lyzed curves for this frequency are represented, 
including 8 composite curves. The solid curve 
represents the upper limit of uncertainty which 
must be ascribed to any sound decay curve whose 
experimental points have the average deviation 
indicated on the horizontal scale. The scale of 
ordinates in Fig. 14 is based upon tracing one 
second of decay, for the error in the slope 
determination introduced by any particular devi- 
ation is inversely proportional to the time over 
which the decay is traced. For average deviations 
of one decibel or less this criterion of uncertainty 
may be described by the simple relation, maxi- 
mum uncertainty in decay rate =(6XA.D.)/r 
(db/sec.), where 7 is the length of the decay trace 
in seconds. 

The double arrows shown on Fig. 14 represent 
the transfer of the zonal boundaries of Fig. 12 to 
this diagram, and indicate the range of the upper 
limit of uncertainty when the warble tone alone 
is employed to average out the standing wave 
pattern. It is believed, however, that the cri- 
terion of uncertainty given is applicable generally 


to any sound decay curve, whatever experimental 
artifice may be employed for securing a space 
average. 


5. Note on the “‘true’”’ decay rate in the sound 
chamber for frequency 500 c.p.s. 


Several references have been made to the 
“true” rate of decay for the frequency 500 c.p.s. 
Two factors contribute to confidence in the value 
chosen (58.5 db/sec.). The first of these is that 
the diagram of Fig. 14, when plotted with due 
regard to the algebraic sign of the errors, is 
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symmetrical about the horizontal axis if, and 
only if, this value is chosen. 

The second factor is based upon a composite 
curve obtained by averaging, point by point, 
eight decay curves taken (with 20 percent 
warble) for eight different positions of micro- 
phone and loudspeaker. This composite curve is 
shown in Fig. 15. It is the only decay curve 
obtained in this study for which the average 
deviation from linearity becomes comparable 
with the experimental error involved in making a 
single observation. 


VI. SUMMARY 


The results of this investigation may be sum- 
marized briefly as follows. Shifts with time of the 
interference pattern set up in the sound chamber 
produce in the decay curve systematic deviations 
from linearity which cannot be averaged out by 
repetition. The time history of the deviations 
(i.e., the time-deviation pattern) differs from 
point to point in the chamber and with the 
frequency. Use of the warble tone is effective in 
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reducing the magnitude of these deviations and a 
value of 20 percent for the fractional frequency 
modulation is found to be satisfactory. Space 
effects may still exist, however, which, because of 
the arrangement of the deviation pattern, can 
introduce large errors in the measured decay 
rate. When such space effects exist, whether the 
warble tone alone or other methods are used to 
secure a space average, they are revealed by 
deviations of the experimental points from a 
smooth curve by greater amounts than can be 
accounted for by the experimental error and lead 
to the assignment of a larger limit of uncertainty 
to the measured decay rate than would be 
indicated by the mere uncertainty of fitting the 
smooth curve to the data. When the smooth 
curve indicated is a straight line, an analytic 
process is available for fitting a “‘best’’ line to the 
data which gives maximum opportunity for the 
space effects to average themselves out. 

It is a pleasure to acknowledge the gracious 
criticism of this work by Professor F. A. Saunders 
and Professor G. W. Pierce. 
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Directivity has been found to be desirable in sound 
collecting systems to improve the ratio of direct to generally 
reflected sounds and to otherwise discriminate against 
undesirable sounds. The bi-directional ribbon microphone 
is a pressure gradient instrument in which the response 
corresponds to the velocity component in a sound wave. 
By using a mass controlled element the velocity of the 
ribbon is in phase with the velocity in a sound wave. By a 
suitable combination of this microphone with a pressure- 
operated nondirectional ribbon microphone, a uni-direc- 
tional ribbon microphone is obtained. The pressure ribbon 
microphone is resistive controlled and the response is a 
measure of the pressure component in a sound wave. The 
velocity of the ribbon in this type of pressure microphone 


INTRODUCTION 


NE of the important factors in a directive 
sound collecting system is the solid angle 
over which sound is received without appreciable 
attenuation. This must be sufficiently large to 
include the area occupied by the sources of sound 
to be received, but at the same time, the angle 
must be small enough so that an appreciable gain 
against undesirable sounds is obtained. Another 
requirement is a directional characteristic which 
is independent of the frequency. A system which 
does not possess this characteristic will introduce 
frequency discrimination. Due to the large 
frequency band of the audible spectrum, together 
with the long wave-length at the lower fre- 
quencies, the use of a directional system which 
depends upon interference becomes exceedingly 
complex and cumbersome if an attempt is made 
to obtain uniform directional characteristics. In 
general, the particular directional characteristics 
will depend upon the type of pickup problem. 
For example, the bi-directional ribbon micro- 
phone has been found to be very useful in 
overcoming excessive reverberation and other 
undesirable sounds. 
The theory and characteristics of the bi- 
directional ribbon (also termed ‘‘velocity” or 


A Uni-Directional Ribbon Microphone 
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‘‘pressure gradient’’) microphone has been given 
in several publications.' Briefly revietved, the bi- 
directional ribbon microphone consists of a light 
corrugated ribbon suspended in a magnetic field. 
The ribbon is driven from its position of equi- 
librium by the difference in pressure existing 
between the two sides. The resulting vibration of 
the ribbon leads to the induction of an e.mf. 
corresponding to the undulations of the incident 
sound wave. The directional characteristics of 
this microphone are shown in Fig. 1. 

For certain types of sound collection it was 
apparent that a microphone would be very useful 
which had a uni-directional characteristic instead 
of the bi-directional characteristic and a wider 
pickup angle in its reception zone than the 
velocity ribbon microphone possessed. This is 
particularly desirable in sound motion picture 
work where the camera may be placed in a 
direction for which the microphone sensitivity is 
low, and noise from this source thereby di- 
minished, while the actors move about in the high 
sensitivity region. Also, in theater sound rein- 
forcing systems for stage sound collection the 
logical position of the microphone is in the 


1H. F. Olson, J. Acous. Soc. Am. 8, 56 (1931); Journal 
S. M. P. E. 16, 695 (1931). 
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Fic. 1. Fic. 2. Fic. 3. 
Fic. 1. Directional characteristic pressure gradient micro- 
phone, E= Ep cos @. 
Directional characteristic pressure microphone, 
E = Eo. 
Fic. 3. Directional characteristic of combination, 


E=E,(1+ cos @). 


Fic. 2. 


footlight trough, in which case it is desirable to 
receive sounds emanating from the stage and 
eliminate sounds coming from the audience or 
orchestra. 

To determine the suitable basis for the 
development of such a microphone, one of the 
authors thought of utilizing a principle which has 
been employed for many years for the reduction 
of interference by directional reception in trans- 
oceanic radio communication known as the “‘loop 
and vertical antenna” method. In this system a 
cardioid characteristic is obtained by combining 
reception from a loop (which has a bi-directional 
characteristic) with that from a vertical antenna 
(which has a circular characteristic). Referring to 
Fig. 1, the phase of the output of a velocity 
microphone in the two pickup zones differs by 
180°. Now if this is combined with a microphone 
in which both the sensitivity and phase are 
independent of the direction (Fig. 2), the resulting 
characteristic will be a cardioid of revolution as 
shown in Fig. 3, provided that the sensitivity of 
the nondirectional unit is equal to the maximum 
sensitivity of the bi-directional unit. 

In the bi-directional ribbon microphone we 
have a system in which the velocity of the ribbon 
is in phase with the particle velocity in the sound 
wave. It is evident that a pressure-operated 
microphone is required which can be incorporated 
easily with the above type of microphone and at 
the same time retain uniform response and 
directional characteristics. Furthermore, the 
phase relationship between the voltage output of 
this microphone and the pressure in the sound 


OLSON 


AND MASSA 

must be suitable for combining with the bj. 
directional producing a cardioid 
characteristic. In the microphone as finally de. 
veloped, a single ribbon is used, one part of which 
is velocity-operated, and the other part pressure. 
operated. The voltages induced in the two 
portions are in phase for sound originating 
directly in front of the microphone and are 180° 
out of phase for the opposite direction. The 
directional characteristic up to a fairly high 
frequency is of the desired cardioid shape. It is 
the purpose of this paper to describe the theory 
and operation of the combination of a pressure 
with a velocity actuated ribbon microphone to 
form a microphone having a_ uni-directional 
characteristic. 


ribbon for 


RIBBON MICROPHONE (PRESSURE ACTUATED) 


The pressure ribbon microphone consists of a 
light metallic ribbon suspended in a magnetic 
field and freely accessible to the atmosphere on 
one side and terminated in an acoustic impedance 
on the other side. 

The voltage generated by the ribbon is given 
by the equation 


e= Bla, (1) 


where B= flux density, /=length of the ribbon, 
z=velocity of the ribbon. 

The ribbon, in a microphone of uniform 
sensitivity, should have at all frequencies the 
same velocity per unit of pressure in the actu- 
ating sound wave. Another requirement is that of 
phase. In order to combine this microphone with 
the velocity microphone, which will be described 
in a later section, to form the uni-directional 
microphone, the velocity of the system must be in 
phase with the pressure in the sound wave at all 
frequencies within the transmission range. 

The velocity of a system of a single degree of 
freedom is given by 


PmaxA pele! “@) 


i Cra2+(wm—1/wC)? |} 





x 


’ 


where ¢=tan"'[(mw—1/Cyw)/ra], 
m= mass of the ribbon and the air load, 


ry=mechanical resistance of the air load and the 
ribbon terminating resistance, 


Cw =compliance of the ribbon suspension, 








Nn 








p=pressure in the sound wave, 
Apr=area of the ribbon, 

w=2rf, 

f=frequency. 


In order that « shall be in phase with p, the 
ratio of rw to the reactive components must be 
large. One way in which this may be accomplished 
is to make the resistance closing one side of the 
ribbon large compared with the reactive com- 
ponents. 

The mechanical reactance due to the mass of 
the ribbon is given by 


Zep =Xrp=jom, (3) 


where m = mass of the ribbon. 

The reaction of the air upon the ribbon will 
now be derived. The pressure at a distance a 
from an elementary source? is 


p= (ds/47a)j pwtt maxe?@te—7**, (4) 


t=time, 
k=2n/X, and 
\=wave-length. 


where p=density of air, 
w=2nf, 
f=frequency, 
u=velocity of the surface dS, 


The pressure at any point on the ribbon due to 
a velocity Umax’ of the ribbon is 


b jwp ; ‘ff dS , (5) 
=—— Umax€é - Sarig toa E 
4n ay, 


where a, is the radius vector having the shortest 

air distance from the point 1 to the surface 

element dS of the ribbon. To compute the force 

on the ribbon, we must perform the above 

integration and then integrate the resulting 

pressure over the open surface of the ribbon. 
The total force is 


J®pUmaxe?®* by dS 
paabettont PCa f FS cn, 
4r « ay 


The mechanical impedance due to the air load 
is 


un 


Sap =rapt+jxap =fa/Umaxe?. (7) 


The integral was evaluated for a particular 
ribbon by an approximation, and the values of 
rap and x4p are shown in Fig. 6. 


* Rayleigh, Theory of Sound, Vol. U1, p. 105. 
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The ribbon is spaced from the pole pieces of 
the magnetic structure to allow freedom of 
motion. This slit or aperture gives rise to a 
mechanical impedance which is given by the 
expression 


Zsp=pw(Ar?/Co), (8) 


where Arg=area of the ribbon, and Co=con- 
ductivity of the aperture. 

In this system we must have, as previously 
stated, an acoustic resistance for terminating the 
back of the ribbon which is large compared with 
the impedances considered above. The ideal form 
of such an acoustic resistance is a long pipe. The 
acoustic resistance of an infinite pipe is given by 


Tpp= 42/A P; (9) 


where A p=area of the pipe. 

An extremely long pipe is too cumbersome for 
practical purposes. However, we can design a 
shorter pipe which will exhibit an acoustic 
impedance which is resistive above a certain low 
frequency. This can be done by loading a short 
pipe with sound absorbing material. Consider as 
a specific example a pipe 2 meters in length closed 
at one end and of 1.9 sq. cm area of cross section, 
but not loaded with any absorbing material. The 
dissipation in this sort of a pipe is small and the 
reflection at the end will result in standing wave 
systems. The particular problem here is to 
introduce sufficient dissipation so that reflection 
from the end will not occur and at the same time 
retain a system which will exhibit a pure 
resistance of constant value over the frequency 
range. It has been found that tufts of felt result in 
very satisfactory damping. Fig. 4 shows the 





Fic. 4. Equivalent electrical circuit of a pipe damped with 
tufts of felt. 


method and the equivalent electrical circuit of 
the system. If the quantity of felt is large and 
packed tightly 174 and r4 will be large, in which 
case z4p will be larger than 42/A p. If the felt is 
loosely packed, M/4 and r4 will be small and r4’ 
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will be large; in this case there will be small 
attenuation in the system and the wave reflected 
from the end will be large. By a proper choice of 
the constants, we can obtain a system which will 
present an acoustic resistance of the value 
rap =42/Ap at the point z4. Of course, obviously 
at very low frequencies the system becomes 
capacitive. This is determined by the volume of 
the pipe. The impedance of the pipe was meas- 
ured on the acoustic impedance bridge and the 
correct proportions of felt determined. 

The mechanical resistance of this pipe referred 
to the ribbon is given by 


rpp = (42/Ap)Ar’, (10) 


where A p=area of the pipe, and Az =area of the 
ribbon. 

The output of the ribbon (and that of the 
velocity-operated ribbon to be described in the 
next section) is coupled to the grid of a vacuum 
tube by means of a step-up transformer, as shown 
in Fig. 5a. In cases where it is desirable to 
segregate the microphone and amplifier, two 
transformers are employed, the first raising the 
impedance to that suitable for transmission over 
a line; the second raising this impedance to the 
input of a vacuum tube, as shown in Fig. 5b. 
The equivalent circuit of this system is shown in 
Fig. 5c. We will now compute the effect of the 
electrical circuit upon the mechanical system. 
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c 
Fic. 5. a, one transformer; b, two transformer system; c, 
equivalent circuit. 


The force required to generate a current, 7, in 
the equivalent circuit, Fig. 5, is 
f=Bii, (11) 

where B = flux density, / =length of the ribbon. 
Combining Eq. (1) and Eq. (11), the me- 
chanical impedance due to the electrical circuit is 


Zep =f, t= (Bl)?, ZT, (12) 


where 27 = total electric impedance at the point e. 
The mechanical impedance zgp due to the 
electrical circuit and the mechanical impedance 
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zsp due to the aperture between the ribbon anq 
pole pieces is in general negligible compared to 
the other impedances in the system. 

The velocity of the ribbon is given by 


£=pAr/(rppt+ra p+jxrp+jxap). (13) 


The values rpp, rap, Xrp and x4p are shown jp 
Fig. 6. The phase angle between # and p is also 
shown in Fig. 6. 
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F1G. 6. Pressure microphone—impedance characteristics 
of the components of the mechanical system. X pp =me- 
chanical reactance of the ribbon; X 4 p= mechanical reac- 
tance due to air; R4p=mechanical resistance due to air; 
Ryip=mechanical resistance terminating ribbon; ¥ = phase 
angle between pressure in plane sound wave and the ribbon 
velocity. 


The generated electromotive force developed 
by the motion of the ribbon computed from Eqs. 
(13) and (1) is shown in Fig. 7. The experi- 
mentally measured response is also shown in this 
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Fic. 7. Theoretically predicted and experimental re- 
sponse of pressure operated ribbon microphone at ©. 
(Zero D.B.=1 volt.) 


A true pressure measuring instrument should 
not discriminate against any direction. To attain 
this objective in any pressure measuring instru- 
ment, the dimensions must be small compared to 
the wave-length of the sound wave. This can be 
accomplished to a certain extent in the ribbon 
type of microphone by making the field structure 
open or well ventilated. In the pressure type of 
ribbon microphone, where an acoustic resistance 
line is used in back of the ribbon, it is difficult to 
obtain absolutely uniform response for all di- 
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rections at the extremely high frequencies be- 
cause of sound diffraction effects around the 
feedpipe to the acoustic line. This, however, as 
will be shown later, does not appreciably affect 
the overall directional characteristics of the 
combination of pressure and pressure gradient 
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Fic. 8. Theoretical directional characteristics of pressure 
ribbon of microphone. Assumed to be same as sphere 0.8” 
in diameter. 





Fic. 9. Directional characteristics of the pressure actu- 
ated portion of the uni-directional microphone at various 
frequencies. 


microphones. The feed pipe, together with the 
pole pieces, form a volume around which the 
sound diffracts. In cases like this it has been 
found that we can compute the diffraction around 
a sphere of equal volume and obtain a reasonably 
good estimate of the performance. 

With a small vibrating area located on a rigid 
sphere the geometrical configuration makes the 
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mathematical investigation possible. Lord Ray- 
leigh* was the first to obtain an expression for the 
sound intensity in various directions at a great 
distance from such a sphere. Subsequently, 
Stewart! and Ballantine’ extended the investi- 
gation. 

The volume of the structure which is involved 
in this microphone is equivalent to a sphere 8 
inches in diameter. The theoretical directional 
characteristics for such a sphere are. shown in 
Fig. 8. The observed directional characteristics of 
the pressure component of the uni-directional 
microphone are shown in Fig. 9. f 


RIBBON MICROPHONE (VELOCITY (\CTUATED) 


In the velocity ribbon microphong as previ- 
ously stated, the ribbon is driver’ from its 
equilibrium position by the difference jn pressure 
between the two sides. This differenceiin pressure 
is due to the difference in phase betwéen the two 
sides and for a plane wave is given by the 
expression! 

Ap=2kcpA cos (ket) sin (kd), (14) 


where k=27/X, 


\= wave-length, 


A =amplitude of ¢, 
¢=velocity potential, 
p=density of air, d=effective acoustic path be- 


c=velocity, tween both sides of ribbon. 


The instantaneous pressure available for 
driving the acoustical and mechanical systems of 
the microphone is shown in Fig. 10. Expressions 
will now be given for the impedance of the 
acoustic and mechanical systems. 

The mechanical reactance due to the mass of 
the ribbon is given by 

Zrq=Xrq=2rfmrp, (15) 
where f = frequency, and mz = mass of the ribbon. 

The reaction of the air upon the motion of the 
ribbon may be derived following an analysis 
similar to that given in the case of the pressure- 
operated ribbon. The integration in the case of 
the velocity ribbon extends over both sides of the 
ribbon and cognizance is taken of the 180° 
difference in phase between the two sides. The 


3 Rayleigh, Theory of Sound, Vol. II, p. 274. 
‘G. W. Stewart, Phys. Rev. 33, 467 (1911). 
5S, Ballantine, Phys. Rev. 32, 988 (1928). 
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Fic. 10. Pressure gradient microphone—impedance char- 
acteristics of the components of the mechanical system. 
X rg =mechanical reactance of the ribbon; X 4g = mechan- 
ical reactance due to air; R4g=mechanical resistance due 
to air; Y=phase angle between pressure in plane sound 
wave and the ribbon velocity. 


resistive and reactive components of the im- 
pedance presented to the ribbon by the air are 
shown in Fig. 10. 

As in the case of the pressure-operated micro- 
phone, the impedance introduced by the spacing 
of the ribbon from the pole pieces may be 
neglected. 

Furthermore, the reaction of the electrical 
circuit upon the motion of the mechanical system 
is the same as in the case of the pressure-operated 
microphone. The impedance of the mechanical 
system due to the electrical circuit is given by 
Eq. (12). 

Expressions for the important mechanical 
impedances of the system have been given and 
we are prepared to compute the motion of the 
ribbon. The velocity of the ribbon is given by 


£=ARrAp/(Zrg+2ac). (16) 


It has been shown that the magnitude of zrg and 
Zag are practically proportional to the frequency. 
It has also been shown that Ap is proportional to 
the frequency. For this reason # remains practi- 
cally constant throughout the frequency range. 
The generated voltage e is given by 


e= Bla =ArApBI/(2rg+2aa). (17) 


This indicates that the generated voltage will be 
independent of frequency. The open circuit 
voltage presented to the line may be computed 
from the electrical circuit shown in Fig. 5a. 

The generated electromotive force developed 
by the motion of the ribbon computed from Eq. 
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Fic. 
response of pressure gradient ribbon microphone at 0°, 
(Zero D.B. =1 volt.) 


(17) is shown in Fig. 11. The experimentally 
determined response is also shown in this figure, 

The above considerations have been concerned 
with the face of the ribbon normal to the line of 
propagation of the sound. When the normal to 
the face of the microphone is inclined by the 
angle @ to the line of propagation, the air distanc 
from front to back is multiplied by the facto, 
cos 6. When @ is 90° the pressure difference 
between front and back is zero for all frequencies 
and the ribbon remains stationary. This holds 
true provided the velocity microphone has as 
small a baffle as possible. However, where the 
baffle is of appreciable dimensions peculiar 
distortions of the directional characteristics 
occur, particularly at the higher frequencies 
where the dimensions of the baffle become 
comparable to the wave-lengths of the sound. 
Hence in order to obtain true ‘‘cosine”’ directional 
characteristics the construction which we have 
adopted has as short an air path as possible 
between front and back of the ribbon while still 
retaining a good magnetic structure. 








Fic. 12. Directional characteristics of the velocity actuated 
portion of the uni-directional microphone. 
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The observed directional characteristics of the 
velocity component of the uni-directional micro- 
phone are shown in Fig. 12. It will be seen that 
the experimental results are in close agreement 
with the predicted performance. These results 
indicate that the directional characteristics of 
this microphone are practically independent of 
the frequency. 


Uni-DIRECTIONAL MICROPHONE (COMBINATION 
OF PRESSURE AND VELOCITY MICROPHONES) 


In the preceding sections we have discussed 
two types of microphones, namely, a microphone 
in which the response is a measure of the pressure 
n a sound wave and a microphone in which the 
response is a measure of the particle velocity in a 
sound wave. 

The electromotive force generated by the 
motion of the ribbon due to an incident sound 
wave in the case of the velocity ribbon micro- 


phone is 
ApA r(cos @) 





= Bl. (18) 


ragtj(xsa+Xra) 


Fig. 10 shows that the velocity of the ribbon 
and hence the generated electromotive force, is 
practically in phase with the sound pressure in a 
plane sound wave. 

The electromotive force generated by the 
motion of the ribbon due to an incident sound 
wave in the case of the pressure ribbon micro- 
phone is 





pArBl 
ep 


“ 7 (19) 
rapt+rpp+j(Xap+Xrp) 


Fig. 6 shows that the velocity of the ribbon, 
and hence the generated electromotive force, is 
practically in phase with the sound pressure in a 
plane sound wave. 

Assume that e, for @=0 Eq. (18) is made equal 
to ep in Eq. (19) by adjusting the constants of the 
systems. Then the directional characteristics will 
be as shown in Figs. 1 and 2. Now we will connect 
the two ribbons in series and the combined output 
will be 

eup =e pt+éy Cos 8. (20) 


The directional characteristic will be as shown in 
Fig. 3 and is a cardioid of revolution with the axis 
of revolution normal to the plane of the ribbon. 
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This combination of pressure and velocity ribbon 
microphone has been termed a uni-directional 
microphone. 

A model of this microphone is shown in Fig. 13. 
A single ribbon divided in two parts is used, one 
part of which is velocity operated and the other 
part is pressure operated. The velocity portion 
is left open and the back of the pressure portion is 
terminated in a pipe connected to a labyrinth 
housed in a box as shown in Fig. 14. 





Fic. 13. 





Fic. 14. 


The observed directional characteristics of the 
uni-directional microphone in a horizontal plane 
are shown in Fig. 15. It will be seen that the 
observed directional characteristics are cardioids 
of revolution up to fairly high frequencies. This 
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Fic. 15. characteristics of uni-directional 


Directional 
microphone at various frequencies. 


substantiates the theory of the velocity, pressure 
and uni-directional microphones. The deviation 
at the higher frequencies is primarily due to the 
phase difference referred to above, which pre- 
cludes the possibility of obtaining cardioids of 
revolution at these frequencies by this simple 
arrangement. 

From Fig. 15 and from additional data, a three- 
dimensional sketch has been made which appears 
in Fig. 16. This shows the region over which the 
microphone pickup is practically not attenuated 
at all as well as the region over which the 
attenuation is more than 20 db. 

The response frequency characteristic of this 
microphone is shown in Fig. 17. It will be seen 
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Fic. 16. Showing axes of zero and maximum attenu- 
ation. Also the solid angle in which the attenuation is 
more than 20 db and the angle in which the attenuation 
is less than 6 db for frequencies up to 3500 cycles. 
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Fic. 17. Theoretically predicted and experimental re- 
sponse of uni-directional microphone at 0°. (Zero D.B.=1 
volt.) 


that the response is uniform over a wide fre- 
quency range. The observed response is in very 
good agreement with the theoretically predicted 
response. 

The efficiency of response of the uni-directional 
microphone for sounds originating in random 
directions will now be derived. The voltage out- 
put of the uni-directional microphone for sound 
originating in the direction @ is 


eup = €o(1+ cos 6). (21) 


The output of a nondirectional microphone for 
sound originating in any direction 
expressed as 


may be 


enp = 2€o. (22) 


We have assumed that the non-directional micro- 
phone has the same sensitivity as the uni- 
directional microphone for 6 =0. 

The efficiency of energy response of the uni- 
directional microphone as compared to a non- 
directional microphone for sounds originating in 
random directions, all directions being equally 
probable, is 


=4r 


¢ 9 
atta > ¢=0 CUD 
Efficiency =———_-— 


o=4r ~ 
> +=0 e'ND¢ 


2ree?fy7(1+cos 6)? sin 6d0 1 
- Sinton iis, O00 
167e,? 3 





The following conclusion can be drawn: The 
energy response of the uni-directional microphone 
to sound originating in random directions is one- 
third that of a nondirectional microphone. For 
the same allowable reverberation, the uni- 
directional microphone can be used at 1.7 the 
distance of a nondirectional microphone. 

The large solid angle over which this micro- 
phone receives sound without appreciable at- 
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tenuation indicates that a very wide range of 
action can be covered with a single microphone. 

By referring to Figs. 15 and 16, it will be seen 
that for angles larger than 90° the response is 
relatively small. In general, camera noise in 
talking motion picture recording originates in 
this region when the microphone is employed 
under normal conditions. In public address 
systems, the microphone is usually placed in the 
footlight trough or near the front of the stage. 
Here the directional characteristics of this micro- 
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phone are exceptionally suitable, because it is 
desirable to pick up sounds from the stage and to 
exclude sounds from the audience. In conclusion 
it may be said that this microphone, due to its 
directional characteristics and uniform response, 
has been found to be very useful in overcoming 
undesirable sounds in sound motion picture 
recording, radio broadcast pickup and _ public 
address pickup, where desired sounds originate in 
front and undesired sounds to the rear of the 
microphone. 
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Analysis and Interpretation of Vowel Tracks 


E. W. Scripture, London and Vienna 
(Received August 19, 1933) 


HE registration of sounds on films has be- 
come so complete and definite that we are 
confronted with a difficulty of unexpected nature. 
Information of incalculable value is presented to 
the eye but we fail to understand what the sound 
curve means. 

As I have already pointed out! the Fourier 
analysis cannot be applied to sound tracks. 
Stated in brief the reasons are: The complexities 
are so great that 200 or 300 ordinates would have 
to be used; schedules for so many ordinates do 
not exist and, even if they did, the analysis of 
even a single wave would require a quite im- 
possible amount of time. The waves are so small 
that they would have to be enlarged 200 or more 
times before an analyzing apparatus could be 
used; the outlines of the curve would then be so 
hazy that nothing definite could be done. The 
most serious objection to a Fourier analysis is 
that the method does not provide for the strong 
decrement that is always present. In an analysis 
the decrement comes out in altered coefficients 
for the amplitudes. 

By analysis of a sound curve we mean a 
method of expressing it in numbers. Such an 
expression would be given by specifying the 
ordinate belonging to each abscissa; this is the 
expression presented graphically in the curve 
itself. Such an expression is a full and complete 
analysis but it does not give all the information 
we desire. Any of the forms of the Fourier 
analysis would, if they could be applied, give full 
and complete expressions of the curve regardless 
of the fact that the expressions would all be 
different. If the curve were that of a stretched 
string known to vibrate in harmonic segments, 
this information might be all that we would 
desire. We do not know, however, that vowel 
vibrations result from a summation of harmonics, 
in fact, we know that they do not; a Fourier 
analysis would be of little help. In the search for a 


1 Scripture, Nature 130, 965 (1932). 


method of analysis we will consider the edge of 
the sound track as a curve about which nothing is 
known and will endeavor to express some of its 
properties in numbers. In this manner we keep 
free from all suppositions, some or all of which 
might be erroneous. 

The sound track of ay spoken with the vowel 
sound that appears in may by a native of London 
with no special dialectal accent is reproduced 
with an enlargement to 4.5 in Fig. 1. The 
registration was made by an RCA Photophone 
apparatus, in which a line of light is reflected 
across an edge by the mirror of a wire loop 
galvanometer. 

We observe that the record begins and ends 
with a straight line indicating silence. A portion 
of speech between two silences we term a ‘‘speech 
stretch.”’ The speech stretch in Fig. 1 is observed 
to be made up of a series of contiguous portions, 
each of which begins with a strong upward 
movement. Such a portion we will call a ‘‘speech 
bit.”” A speech stretch consists of a series of 
contiguous speech bits. 

In the film tracks of speech we find regions in 
which the speech bits have very pronounced 
forms of similar character. Such a series of speech 
bits we term a ‘‘vowel.”’ The track in Fig. 1 is 
the registration of a vowel stretch. 

We notice that the vowel bits in Fig. 1 re- 
semble one another but that no two profiles are 
exactly alike. The changes from one bit to the 
next are progressive and continuous; a sudden 
change does not occur. A vowel stretch is, in fact, 
a continuous vocal gesture. 

If a pair of dividers be placed on the tips of the 
upward jerks at the beginnings of the first and 
second bits, then on those of the second and 
third, and so on, the length, that is, the duration, 
of a bit is found to change steadily. We thus have 
two fundamental facts for use: the profile form 
of the bits and their durations change continu- 
ously. 
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Fic. 1. Sound track of ay spoken as in may. 


Since all the bits are different it is necessary 
to begin the analysis of the vowel by a study of 
the single bits. Each bit in the first part of the 
track in Fig. 1 begins with a sharp upward jerk 
that is not repeated within the bit. This is an ini- 
tial singularity. At first this jerk increases in height 
in the successive bits but afterwards it fades away. 
In the latter part of the track a second sharp jerk 
just after the initial one gradually develops in 
height until it becomes even stronger than the 
first one. This second singularity also fades away 
toward the end. 

As the first bit is somewhat faint we begin a 
detailed study with the second one. We observe 
that the initial jerk is part of a wider up and 
down movement. This wider movement occurs 
seven times before the end of the bit. Such a 
movement we will term a “ pulsation.’’ The pulsa- 
tions do not quite fill the entire length of the bit. 
Turning back to the first bit we find that a 
similar pulsation occurs approximately nine 
times. In the later bits it remains for a while at 


five with something over. Still later the number 
sinks to four. 

With a pulsating movement it is desirable to 
know the time occupied by each pulsation and 
the number of times such a pulsation could be 
repeated in a given time. The measurement from 
one pulsation to the next can be made between 
any two corresponding points. When the form is 
the same in both cases the corresponding points 
lie regularly. When, as here, the two forms are 
not the same, the center of gravity, or “‘centroid,”’ 
of each pulsation may be taken as the point 
from which to measure. We cannot apply a 
planimeter to these small waves and the best we 
can do is to indicate the location of the centroids 
approximately by the eye. We then measure the 
distance from each centroid to the next one. The 
result of such a measurement turned into time is 
termed the “‘period’’ of the pulsation; we will 
indicate it by r. The number of times such a 
pulsation could be repeated in one second is 
termed its ““frequency”’; it may be indicated by n. 
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The number of times it could be repeated in 27 
sec. is termed the ‘“‘pulsatance,’’ or radian 
frequency; it is indicated by w. 

Measurements of the intervals between ad- 
jacent centroids establish several important 
principles. One of them is: the slowest inner 
pulsatance is independent of the duration of the 
bit. Using w, for the slowest pulsatance, D for 
the duration of the bit and ¥ as an expression for 
‘is not,’’ we write as a fundamental fact 


wix~f(D). (1) 


We notice further that the time from one centroid 
to the next is not constant within a bit. We have, 
therefore, the fact that the slowest pulsatance 
changes with the time, that is, 


wi=f(d). (2) 


Curiously enough the first interval in each bit is 
shorter than the others. We also note that the 
slowest pulsatance changes in an independent 
fashion from bit to bit. With P; as the desig- 
nation for a bit, we write 


wiXx~f(Pi). (:=1, 2, »++,) (3) 


The pulsations within a bit start strong and 
become rapidly weaker. To provide for the case 
where the pulsations might become stronger or 
weaker, we assign a factor of progressive alter- 
ation to the pulsation. In the present case it is a 
factor of decrement. This may be expressed in 
the usual way by an exponential function of the 
form e**. If the slowest pulsation were of 
sinusoid form we could express it by 


y =aye*"* sin wit. (4) 


We have, however, no information concerning 
the exact form. 

In the first bit the average period of the lowest 
pulsation is 0.001,14 sec. and the average fre- 
quency 898. In a fluctuating manner the period 
shortens to 0.000,98 sec. (frequency 1026) and 
then lengthens to 0.001,87 sec. (frequency 535) 
and more. 

In the first bit we observe a group of four small 
vibrations just after the initial jerk. The corre- 
sponding period is approximately 0.000,15 sec. 
and the frequency 6281. Faint traces of this 
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pulsation are observable at other points in the 
bit. In the second bit these vibrations appear only 
faintly at the close. In later bits they become 
very strong. Determinations of their frequencies 
at different points are difficult. In the later part 
of the vowel the four apexes are no longer of 
about the same: height; the two middle ones 
increase rapidly, the second one more so. The 
second one continues to increase until it ulti- 
mately becomes the second singularity. In both 
the first and second bits there are traces of a 
pulsation with a period of approximately 0.0004 
sec. and a frequency of 2500. This becomes 
steadily more prominent through the vowel; at 
the close it persists after the others have dis- 
appeared. 

The pulsations just considered have all had 
periods less than the duration of the bit; they 
appear as being repeated within the bit. They 
may appropriately be termed inner vibrations. 
When we look at a bit as a general movement 
with all the jerks and small pulsations smoothed 
off, we seem to have before us a slow curve that 
rises moderately high and then falls to and a 
trifle beyond zero but is cut off before the 
negative phase is finished. One thinks of a single 
pulsation begun but not finished because it is too 
slow to be included within the bit. We might call 
it an outer pulsation. 

In this study we have obtained the following 
indicator numbers: duration of the vowel 0.41 
sec.; number of bits 49; duration of bits between 
0.009,95 and 0.005,77 sec., mainly around 
0.006,50 sec. ; frequency of repetition of bits from 
97 to 163, mainly around 154; lowest inner 
pulsation frequency from 898, rising to 1025 and 
falling to 535; second inner pulsation frequency 
around 2500; third inner pulsation frequency 
around 6280; outer pulsation frequency unde- 
termined. Indicator numbers for the decrement 
were not obtainable. An initial singularity is 
present through most of the vowel but disappears 
toward the end. A second singularity appears 
during the course of the vowel. 

A curious characteristic remains to be noted. 
The position of equilibrium of the air particles is 
given by the upper edge of the track when no 
vibrations are present. In this registration, as in 
all of several hundreds of other registrations of 
English and German vowels by various types of 


co 
dt 
to 
so 


~ 


—_ at em 


ANALYSIS OF 


apparatus, the line of equilibrium dips down at 
the end of each bit and the initial upward jerk of 
the following bit starts from this depression and 
not from the original position of equilibrium. . 

The analysis is not complete. There are clear 
indications that two, three and probably several 
more vibratory elements are present but we can 
find no way of measuring them. 

The profile of the sound track in each vowel bit 
is the registration of the vibratory movement 
that occurred in the air in the vocal cavity. The 
maximum strength at the beginning and the 
decrement show that a vowel bit is a free 
vibration of a system subjected to a brief impulse 
and then left to itself. The initial sharp jerks 
register the fact that the whole cavity starts to 
vibrate as a unit. The form of the profile must be 
due to the properties of the vocal cavity. 
Whatever these properties may be they are 
undergoing continual change. We naturally as- 
sume that the size of the vocal cavity from the 
glottis to the mouth and the sizes and shapes of 
the openings determine the period of the lowest 
pulsation. The higher pulsations we attribute to 
configurations in the shape of this cavity intro- 
duced by projections such as the epiglottis, the 
tongue, etc. The decrements are attributed to the 
softness and moisture of the walls. 

When the thumb is snapped out of the mouth a 
brief vowel is produced. Clear, momentary, or 
‘snap,’ vowels such as 00, ah, awe, etc. can be 
produced in this way. They can also be produced 
by slapping the cheek with the mouth in appro- 
priate positions. Still clearer ones can be pro- 
duced by snaps of the glottis. Such a single snap 
vowel ah is shown in Fig. 2. The free vibration 
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Fic. 2. Sound track of a snap vowel ah. 


can be produced by a momentary condensation 
or a momentary rarefaction of the air in the 
cavity. Snapping the thumb out of the mouth 
produces a rarefaction, slapping the cheek and 
the glottal snap produce condensations. With the 
laryngostroboscope the glottis can be seen to 
open and shut rapidly during the production of a 
vowel. At each opening a jet of air passes from the 
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chest into the vocal cavity. This produces a 
momentary compression of the air in the cavity, 
whereby the positions of equilibrium are altered; 
this is indicated by the deflection of the line of 
equilibrium in the sound track. Thereupon 
follows the free vibration. It begins with a sharp 
movement passing from the slight position of 
condensation to the position of equilibrium and 
then to the phase of rarefaction. The sharp initial 
jerk is thus a movement of rarefaction. Upward 
in the sound track means rarefaction, downward 
means condensation. 

We have next to interpret the sound track in 
terms of hearing. When a card, held against the 
teeth of a gear wheel, slips from one tooth to the 
next one, it produces irregular vibrations of the 
air. These are heard as a sharp snap. When the 
wheel is set in rotation at a steadily increasing 
speed, the bits of irregular vibration and sharp 
snaps are repeated at a steadily decreasing 
interval. At a certain speed a sensation of tone 
appears. With still shorter intervals snaps are no 
longer heard; nothing is present for the hearing 
but a tone of a certain pitch with a quality that 
may be called a snap quality. Physically, the 
condition remains the same except for the 
decrease in the interval of the snaps; there is no 
physical tone. The sensation of tone is a purely 
mental fact that corresponds to nothing physical 
except the frequency number. There is no 
physical vibration corresponding to the tone. 
When a disk with holes is rotated across a jet of 
air directed into the mouth of a bottle, a brief 
bottle tone is heard every time a jet of air strikes 
the opening. The ear hears a bit of bottle tone 
more or less rapidly repeated. As the disk is made 
to go faster, there comes a point when a new 
sensation arises in addition to the bottle tone. 
The new tone changes with the speed of the 
disk; the bottle tone remains constant. A sen- 
sation of tone corresponds to the repetition of a 
sound impulse. The repetition of the initial jerk 
or any other part or the whole of a vowel bit 
produces a sensation of tone to which there is 
nothing physically corresponding except the fre- 
quency number. This sensation we term the 
voice tone. The property of this sensation that we 
term its rise and fall in pitch corresponds to the 
rise and fall in the physical frequency number. 
Repetitions within a single vowel bit are also felt 
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as tone-like; some vowels sound more toneful, 
others seem duller. All these are lumped together 
as sensations of vowel character and musical 
quality. These are the mental interpretations of 
the form of the profile of the vowel bits. 

The conclusion of every analysis of a sound 
track is a set of numbers indicating the results of 
measurements; let us call them, briefly, ‘‘nu- 
merics.’’ At the present time there is no more 
important problem for the sciences of phonetics 
and acoustics than that of obtaining numerics for 
various speech sounds. A sound track of a vowel 
contains not only information concerning the 
sound in its language relations but also a most 
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complete characterisation of the speaker himself 
in health and disease. Attempts are being made 
to develop a science of personality on the basis of 
speech records. Sound tracks have been used 
with great success in the London hospitals for the 
diagnosis of nervous diseases. It may be sug- 
gested that every machine gives out a charac- 
teristic noise that changes with any alteration or 
deterioration. Airplanes can be identified by their 
hums; an analysis of such hums would yield 
important information. Motor cars, tanks and 
guns all have their personal sound signatures, 
The methods of vowel analysis may presumably 
be applied here also. 
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An Experimental Study of the Role of the Tympanic Membrane and the Ossicles in 
the Hearing of Certain Subjective Tones’ 


Don LEwIs AND Scott N. REGER, State University of Iowa 
(Received July 10, 1933) 


O-CALLED subjective auditory phenomena, 

such as summation and difference tones, sub- 
jective harmonics and the hearing of the fun- 
damental when it is not present in the complex 
wave in the air, are usually explained in terms 
of the response characteristics of certain parts of 
the hearing mechanism. This type of explanation, 
which is thoroughly physical in its nature, had 
its inception with Helmholtz, whose statement 
of the general viewpoint is unequivocal. ‘““Among 
the vibrating parts of the human ear,” he wrote, 
“the drumskin is especially distinguished by its 
want of symmetry . . . and I venture to con- 
jecture that this peculiar form of the tympanic 
membrane conditions the generation of com- 
binational tones. . But a more important 
circumstance . . . when the tones are powerful, 
is the loose formation of the joint between the 
hammer and the anvil. . . . Since the human 
ear easily produces combinational tones . . . it 
must also form upper partials for powerful 
simple tones.’” 

Since Helmholtz’ time, many acousticians have 
tended, perhaps for purposes of simplification, 
to emphasize asymmetrical action of the tym- 
panic membrane and to neglect a consideration 
of the functioning of the ossicles and other parts 
of the ear.’ As a result, subjective tones are 
quite generally attributed solely to asymmetrical 


action of the tympanic membrane; and when the 


‘This paper, prepared in the Psychological Laboratory 
at the State University of Iowa, was read by Professor 
G. W. Stewart of the Physics Department, at the Wash- 
ington meeting of the Acoustical Society of America. 

*H. Helmholtz, On the Sensations of Tone (Tr. Ellis), 
pp. 158, 159 and 413. Longmans Green, New York, 1912. 

*In this connection see especially J. W. S. Rayleigh, 
Theory of Sound, Voi. I1, pp. 456-466, Macmillan, London, 
1926; E. H. Barton, Textbook on Sound, p. 390 ff., Mac- 
millan, London, 1914; G. W. Stewart and R. H. Lindsay, 
Acoustics, pp. 225-226, Van Nostrand, New York, 1930; 
and A. B. Wood, A Textbook of Sound, pp. 363-365, Mac- 
millan, New York, 1930. 


asymmetry theory is mentioned, asymmetry of 
the tympanic membrane is usually implied. 

But some investigators have not limited their 
discussions to the functioning of the tympanic 
membrane. For example, C. Schaefer* concludes, 
on the basis of certain a priori assumptions, that 
subjective tones could be generated in the 
cochlea, although he does not deny that they 
could arise in the tympanic membrane. E. 
Meyer® carefully summarizes the literature on 
the subject and then states that, granting 
asymmetry or a departure from linearity,® the 
definite assignment of nonlinear action to any 
specific part of the hearing mechanism is con- 
jectural. It is his opinion that nonlinearity could 
be present in the functioning of the tympanic 
membrane, the ossicles and the oval window. 
Fletcher’? also goes beyond asymmetrical action 
of the tympanic membrane. In fact, all of 
Fletcher’s discussions of subjective tones are 
based upon the concept of nonlinear functioning 
of the mechanism of the middle ear. ‘Recent 
work on hearing,” he writes, “‘has shown that 
the transmission mechanism between the air 
and the inner ear has a nonlinear response which 
accounts for the so-called subjective tones.”’* A 
particularly lucid statement of the nonlinear 
concept is given by Troland. In agreement with 
Fletcher, he states explicity that subjective 
tones are to be attributed to actual vibrations. 


4C. Schaefer, “Uber mégliche Erweiterungen der Helm- 
holtzschen Theorie der Kombinationsténe,”’ Ann. d. 
Physik 33, 1216-1226 (1910). 

5 E. Meyer, Handb. d. Physik 8, 518-521. 

6 It should be remembered that nonlinearity is a more 
general term than is asymmetry. Nonlinearity can be 
present without asymmetry but asymmetry is always 
accompanied by nonlinearity. 

7H. Fletcher, Speech and Hearing, Van Nostrand, New 
York, 1929. (See especially p. 124 and Chapter IV, Part 
III.) 

8H. Fletcher, The Physical Criterion for Determining 
the Pitch of a Musical Tone, Phys. Rev. 23, 427-437 (1924). 
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“These supernumerary frequencies,” he adds, 
“are introduced by the nonlinear distortion of 
the ear mechanism. . . .’’”® 

It might be well, at this point, to summarize 
briefly the reasoning involved in the formulation 
of the asymmetry (or nonlinear) theory. The 
reasoning is about as follows: Subjective tones 
have no corresponding harmonic vibrations in 
the air.’° If the hearing mechanism, in all of its 
parts, vibrated symmetrically and had linear 
transmission characteristics, the frequencies im- 
pressed upon the tympanic membrane would be 
transmitted faithfully to the nerve fibers and no 
subjective tones would be heard. But inasmuch 
as certain parts of the ear vibrate asymmetrically 
and lack a linear transmission characteristic and 
inasmuch as asymmetrical vibrators and non- 
linear transmission systems introduce distortions, 
subjective auditory phenomena may be ascribed 
to vibrations arising in the hearing mechanism 
itself. 

Quite naturally, attempts have been made to 
show that experimentally determined facts coin- 
cide with theoretical expectations. To give but 
one striking example: Wegel and Lane" used 
two simple frequencies, 1200 (m,) and 700 (m2), 
and were able to demonstrate that when the two 
frequencies were presented together seventeen 
different combination tones were to be detected. 
In commenting upon their experimental data 
these two investigators state, in effect, that all 
seventeen combination tones may be accounted 
for by assuming that the response of the middle 
ear mechanism is expressed in terms of the first, 
second, third and fourth powers of the actuating 
pressure. The only frequency predicted by the 
nonlinear assumption and not detected was 4. 


°L. T. Troland, Psychophysiology, Vol. Il, p. 252, Van 
Nostrand, New York, 1930. 

10 This statement is not strictly true but it may be 
accepted as descriptive of the essential facts. Suppose the 
ear were actuated by two simple frequencies, m,; and no». 
Although the sound would exert a constant excess of 
pressure at the tympanic membrane which would have a 
harmonic variation corresponding in frequency to ,—nz, 
the pressure would be very small; so small, in fact, that 
it would be subliminal. (See G. W. Stewart, Introductory 
Acoustics, p. 138, Van Nostrand, New York, 1932.) 

1 R. L. Wegel and C. E. Lane, The Auditory Masking 
of One Pure Tone by Another, etc., Phys. Rev. 23, 266-285 
(1924). 
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Emphasis should be placed upon the fact that 
the asymmetry (or nonlinear) theory is widely 
accepted today. Its popularity is undoubtedly 
due, for the most part, to its inherent relationship 
to the resonance theory of hearing. At least, the 
only important opposition to it seems to come 
from those who attack the resonance theory and 
defend a different theory of hearing. And the 
opposition is quite passive. It would appear that 
critics of the resonance theory of hearing assume 
that the asymmetry theory of subjective tones 
is an adjunct of the resonance theory and that 
the asymmetry theory falls if the resonance 
theory is disproved. Such an attitude is appar- 
ently taken, for example, by M. Meyer” and 
Wrightson,'* each of whom advances his own 
particular theory of hearing and accounts for 
subjective tones on the basis of that theory. In 
short, the present writers have been able to find 
no objection to the asymmetry theory except as 
presented indirectly by those who discount the 
resonance theory of hearing. 

So much for theoretical review. The present 
paper is primarily concerned with an experiment 
which was designed to discover whether the 
tympanic membrane and the ossicles are in- 
volved in the generation of subjective phe- 
nomena. Seemingly, the problem has _ never 
before been given a satisfactory experimental 
treatment." It is self-evident that if subjective 
tones are to be attributed to vibrations arising 
in either the tympanic membrane or the ossicles, 
individuals who have no tympanic membranes 
and no ossicles should be unable to hear such 
tones. Three individuals of this type were used 
in the experiment to be summarized here. 

Subject A was a patient at the University 


12M. Meyer, An Introduction to the Mechanics of the 
Inner Ear, Univ. of Missouri Studies, Vol. I1, pp. 1-138, 
1911. 

'3T, Wrightson, An Inquiry into the Analytical Mechan- 
ism of the Internal Ear, Macmillan, London, 1918. 

‘4 The writers had completed their experimental work 
and had prepared their findings for publication before 
they learned of a little-known investigation of K. L. 
Schaefer's, conducted more than twenty years ago, which 
dealt with the perception of subjective tones by individuals 
having defective tympanic membranes. Schaefer's results 
are less conclusive than those here presented but they sup- 
port the same general thesis. For an account of Schaefer's 
work, see Passow Schaefer Beitrige, 6, 207-218 (1913). 
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Hospital. He was forty-seven years of age. He 
had been without tympanic membranes and 
ossicles for several years. His hearing was con- 
sidered fairly good. For example, he could rather 
easily understand moderately loud conversation. 
His hearing loss curves are shown in Fig. 1. It 
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Fic. 1. Hearing loss curves for Subject A. These curves, 
as well as those in Figs. 3 and 4, were plotted from data 
secured with a Western Electric 2-A audiometer. Crosses, 
left ear; circles, right ear. 


should be noted, in passing, that his left ear was 
considerably more sensitive than his right. 
Without doubt most of his hearing was uni- 
lateral; and it is supposed that he heard the 
tones presented to him during the experiment 
almost exclusively with his left ear. 

Eight complex tones were presented to this 
subject. These tones were produced by the tone 
integrator.'"° The electrical output from the 


4 This subject, as well as the other two used in the 
experiment, still had the foot-plate of the stapes. This 
remnant of the chain of bones was, of course, attached to 
the oval window. The destruction of the oval window 
naturally accompanies the destruction of the foot-plate 
and causes a total loss of hearing. 

‘The tone integrator, which was built by the first- 
named writer, produces synthetic complex sounds. The 
number, distribution and relative intensity of the compo- 
nents constituting a given sound are subject to control, 
as are the sound's pitch and total intensity. The principle 
underlying the apparatus involves successive and rapid 
variations of the amount of light which falls on a photo- 
electric cell. The variations are caused by the passage, 
between a light source and a cell, of sound-wave pressure 
curves which are cut on a disk. (A full description of the 
integrator is to be published at an early date.) 
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integrator was sent into a Victor dynamic 
speaker. The tones, as presented, were approx- 
imately 50 db above the threshold of audibility. 
The sound waves emitted by the loudspeaker at 
this intensity level were photographed with a 
high-quality oscillograph. The oscillograms were 
analyzed with a 40-component Henrici analyzer. 
The results of the analysis are shown graphically, 
as acoustic spectra, in Fig. 2. The frequencies of 
the components were 1, 2, 3, etc., times 180. 

The harmonic constitution of each of seven of 
the tones (tones 2 to 8 inclusive) was such as to 
make a subjective tone clearly audible to the 
normal ear. The subjective tone, in each case, 
corresponded in pitch to the frequency of the 
fundamental component of the harmonic series 
(that is, to 180 d.v.); and it was easy to determine 
whether an individual heard the subjective tone 
by having him indicate the pitch of the complex 
tone. Tone No. 1 was used because it was con- 
stituted of a complete harmonic series up to and 
including the 6th component. Its pitch was un- 
mistakable; and it thus served as a basis for 
comparison during preliminary work. Incident- 
ally, the subjective tone heard in tones No. 7 and 
8 was the first difference tone. (720—540=180; 
540 — 360 = 180.) 

The procedure in the experiment was made as 
objective as possible.'? The subject (Subject A) 
was presented with one of the tones. He was 
asked to match its pitch with a pure tone from 
a beat-frequency oscillator. He manipulated the 
dial of the oscillator, on which the frequency 
numbers were covered. By means of a double- 
pole double-throw switch, the tone to be matched 
in pitch was sounded interchangeably, in the 
Victor speaker, with the tone from the oscillator. 
Two trials were made with each tone, one trial 
with the oscillator dial set at 50 d.v., the other 


17 Prior to the actual experimental series, the subject 
was given a rather lengthy practice period. He had no 
musical sophistication whatever. It was essential that he 
understand, at least partially, what pitch is; especially 
how it differs from loudness and timbre. To this end, he 
was presented with tones from a clarinet, a piano, an 
audiometer, and an oscillator—all of the same pitch—and 
instructed not to confuse pitch with either loudness or 
timbre. He was then asked to match several pitches (of 
tones from a clarinet) on the beat-frequency oscillator. 
Similar practice periods were later given to Subjects B 
and C, 
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Fic. 2. Acoustic spectra of tones presented to Subject A. 


with the dial set at 800 d.v. All of the tones were 
later presented again, and the subject was asked 
to hum the pitch of each one immediately after 
it had been sounded. 

The results may be summarized as follows: 
The average pitch of the oscillator tones, as 
adjusted by Subject A, was 198.4.!* The average 
is somewhat misleading, however, because in all 
but two of the trials, the pitch of the adjusted 
tone was within 10 d.v. of the pitch of the sub- 
jective tone. The two exceptions showed errors 
of 170 and 65 d.v. This subject hummed the 
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Fic. 3. Hearing loss curves for Subject B. 
18 The pitch of the oscillator tone was estimated, after 


each trial, from the position of the oscillator dial. The 
errors of estimation were not greater than +5. 
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pitch of each complex tone correctly, to within 
5 d.v. 

The data secured from Subject A were go 
provocative that other subjects were sought, 
Two suitable ones (Subjects B and C) were 
finally found at the Iowa School for the Deaf. 

Subject B was about forty-five years of age 
and was a member of the teaching staff at the 
school. He lost his tympanic membranes and 
ossicles when he was about fourteen, as a result 
of prolonged bilateral middle ear infection which 
followed a severe attack of scarlet fever. His 
hearing loss curves are given in Fig. 3. It was 
practically impossible to communicate with him 
orally without the use of a hearing aid. 

Subject C was a high school junior, seventeen 
years of age. His hearing loss curves are shown 
in Fig. 4. His membranes and ossicles were 
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Fic. 4. Hearing loss curves for Subject C. 


removed when he was five years of age, during a 
bilateral radical mastoid operation. 

Because the tone integrator could not be satis- 
factorily transported to the School for the Deaf 
and because the new subjects had rather large 
hearing losses, a method of presenting the com- 
plex tones, different from the method used with 
Subject A, had to be devised. In the end, eight 
complex tones which were produced by the 
integrator were recorded on phonograph records. 
The tones were picked up electrically from the 
records, sent through a high-quality amplifier 
and into a Western Electric 552 W earphone. 
The acoustic spectra of the eight tones are shown 
in Fig. 5. The spectra give the results of harmonic 
analysis of oscillograms taken with the earphone 
mounted 2 mm from a condenser microphone and 
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Fic. 5. Acoustic spectra of tones presented to 
Subjects B and C. 


with the tones approximately 85 db above the 
threshold of audibility. (It is assumed that the 
acoustic output of the earphone, when it was 
held against the ear, did not differ appreciably 
from the output of the phone when it was 
mounted close to the microphone. ) 

It will be noted that the fundamental com- 
ponent was absent in each of the eight tones. 
The subjective tone in each case was clearly 
audible to the normal ear, and its pitch (180) 
corresponded to the frequency of the missing 
fundamental. 

The experimental procedure used with Sub- 
jects B and C was essentially the same as that 
used with Subject A.'® A complex tone was 
sounded in the earphone interchangeably with a 
pure tone from the beat-frequency oscillator. 
The subject was asked to adjust the dial on the 
oscillator until the oscillator tone and the com- 
plex tone agreed in pitch. Three trials were made 
with each of the eight complex tones, one trial 
with each of these three original oscillator set- 
tings: 50 d.v., 800 d.v. and 400 d.v. Both subjects 
were later asked to hum the pitch of each 
stimulus tone. 

The results of these two experimental series 
were as follows: Subject A, in 24 adjustments of 


19 Before Subjects B and C were run through the experi- 
ment, they were given the Seashore Test of the Sense of 
Pitch. Subject B received a score on the test which placed 
him at the 25th centile, while Subject C’s score placed him 
at the 15th centile. Subject B’s threshold of pitch discrimi- 
nation, in the region around 180 d.v., was about 3 d.v. 
Subject C’s threshold in the same region was about 4 d.v. 
(These thresholds were computed from the results of the 
Seashore Test and are only approximations.) 
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the oscillator tone (3 adjustments for each of the 
eight stimulus tones), secured an average of 
197.3 d.v. The average was slightly more than 
17 d.v. above the pitch of the subjective tones. 
In 20 of the 24 trials, however, the pitch of the 
oscillator tone was within 10 d.v. of the pitch 
of the subjective tone and in 16 of the 24 trials, 
it was within 5 d.v. of the pitch of the subjective 
tone. In one trial the oscillator tone was adjusted 
to an octave above the subjective tone; in 2 
trials, about a musical fifth above; and in one 
trial, about 20 d.v. above. Subject B hummed 
the pitch of the subjective tones correctly, to 
within 5 d.v. 

Subject C, in 24 trials, had an average of 205.3 
d.v. Here, again, two or three large errors caused 
the average to be misleading. For example, in one 
trial this subject was an octave low; in another, 
an octave high; and in a third, about two octaves 
high. On the other hand, in 18 of the 24 trials 
the oscillator tone was 5 d.v. or less from the 
subjective tone; and in 21 of the trials, the error 
was 10 d.v. or less. Subject C also hummed the 
pitch of the subjective tones correctly to within 
5 d.v. 

Some additional information of a _ rather 
general nature, which was secured from Subject 
B, seemed of great value. The experimenters 
were able, by means of a high-quality hearing 
aid, to communicate freely and easily with him. 
He was a man of considerable intellectual at- 
tainment and insight and his observations 
seemed thoroughly reliable. He was asked to 
indicate the pitches of several different spoken 
vowels. His evaluations of the pitches agreed 
with the evaluations of them given by persons 
with normal ears. 

The last statement looms large in significance 
when its implications are appreciated. Harmonic 
analysis has revealed the almost complete ab- 
sence of energy in the fundamental component 
of the spoken vowel.” It is commonly believed 


20 See, for example, acoustic spectra of spoken vowels 
in D. Lewis and J. Tiffin, A Psychophysical Study of 
Individual Differences in Speaking Ability, Archives of 
Speech. Vol. I, September, 1933. While it is true that 
acoustic spectra of spoken vowels may not present a com- 
pletely accurate picture of physical conditions (because 
spoken vowels are not sustained sounds), such spectra are 
probably approximately correct. 
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that the fundamental tone, which is always 
dominant, is generated, for the most part, by the 
nonlinear action of the middle-ear mechanism. 
And yet (to repeat) Subject B heard spoken 
vowels at pitches which corresponded to funda- 
mental frequencies. 

As a further test of this same point, a 500 
high-pass filter was placed across the output of 
the amplifier of the hearing aid. Under these 
circumstances, with fundamentals eliminated, 
Subject B heard both spoken and sung vowels, 
altered slightly in quality, he said, but unchanged 
in pitch. 

There can be no doubt that the three subjects 
used in the experiment heard the subjective 
tones when the stimulus tones were presented to 
them. We may be certain, therefore, that the 
tympanic membrane and the ossicles are not 
necessary for the hearing of subjective tones. 
Whether, in normal ears, these structures par- 
ticipate in any way in the generation of sub- 
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jective phenomena is a question which cannot 
now be answered with assurance. However, 
because the three subjects apparently heard the 
subjective tones readily when the stimulus tones 
were, for them, comfortably loud, there is reason 
to believe that, in normal ears, the membrane 
and ossicles play only a minor réle (if any at all) 
in the generation of subjective phenomena.”! 
But the problem is not one for conjecture; it 
must be resolved by means of further experi- 
mental work. It is enough, for the present, to 
state that the available facts are such as to 
require a revision of the commonly accepted 
theoretical explanation of subjective tones; and 
it is not unlikely that advocates of the asym- 
metry theory will be rather hard-pressed to 
defend their viewpoint. 


21 This statement may seem gratuitous but it has 
considerable justification. The very fact that the subjects 
had so little difficulty in recognizing the pitches of the 
subjective tones makes the statement tenable. 


OcT 


ab 


Su 


OCTOBER, 1933 


VOLUME V 


Some Notes on the. Character of Bell Tones 


A. N. Curtiss, RCA Victor Company, Inc., 
AND 


G. M. GIANNINI, Curtis Institute of Music 
(Received June 16, 1933) 


HE object of this paper is to present some 
new data on the frequency and position of 
the partials of a bell. Good bells always have been 
described as having five to seven stronger tones 
or partials in a slightly inharmonic state. These 
partials consist of the hum note, usually an 
octave lower than the strike note; the strike note 
which is the most predominate tone; the tierce, 
a third above the strike note; the quint, a fifth 
above the strike note; the nominal, an octave 
above the strike note; the upper tierce or the 
tenth above the strike note and the upper quint 
or the twelfth above strike note. An idealized 
numerical relation of these partials would be 
1, 2, 2.4, 3, 4, 5 and 6. These numbers correspond, 
respectively, to the names of the partials listed 
above. This paper will show, among other things, 
how these partials do not exactly conform to this 
relation. 
To make such a test it was necessary to find 
a good set of bells, adequately placed for ease in 
analysis and representative of bells, generally. 
Such a set was found at the First Methodist 
Episcopal Church of Germantown, Philadelphia, 
Pa. This set consisted of forty-eight bells from 
the foundry of John Taylor and Company, of 
Loughborough, England. They cover four chro- 
matic octaves, less the lowest semitone, tuned 
from E flat below middle C to E flat four octaves 
above. The upper fourteen bells are doubled, to 
increase the volume of the small bells, making 
the total number of bells sixty-two. The bells are 
located in a heavy stone tower eighty-eight feet 
above the street level. Unfortunately the church 
is located on one of the busiest streets in the 
Vicinity so that care had to be taken during the 
tests to exclude the high street noises. 
On close inspection of these bells it was 
noticed that they varied from octave to octave 
in tone quality. The most pleasing tones were 


found in the heavier bells. For our analysis it 
was advisable to test the most pleasing and 
harmonious bell of the set. To find this bell, a 
musician with considerable experience with bells 
and bell music and a carillonneur were asked to 
select what they thought was the best bell of the 
set. As a check on their results and to acquire the 
opinion of the average laymen on bell tone, 
several others not so familiar with bells were 
asked to make their selection. All agreed on the 
judgment of the musician and the carillonneur. 
Their selections consisted of several bells in the 
lowest octave, of which the F bell, pitched at 
345.3 cycles per second was chosen. 

The equipment used to make this study of the 
bells consisted of an RCA Victor portable noise 
meter, a two stage a.c. power amplifier and 
dynamic loudspeaker, a General Radio oscil- 
lator, a portable motion picture camera with 
projector and a set of tuning forks. The most 
important equipment was the noise meter which 
warrants a short description. 

The noise meter consists of a permanent 
magnet ribbon microphone to pick up the sound, 
followed by sufficient amplification to give a 
reasonable deflection for low intensity sounds on 
a vacuum tube voltmeter. The overall frequency 
response is adjusted so as to correspond with the 
pure tone sensitivity of the ear as determined by 
Kingsbury.! Since the sensitivity of the ear as a 
function of frequency depends on the intensity 
of the sound, two positions are made available— 
one corresponding to a sound intensity of approx- 
imately 70 db above the threshold of audibility 
at 1000 cycles, and the other approximately 40 db 
above this threshold. The latter is used when 
weak sounds are encountered and the former for 
intense sounds. The vacuum tube voltmeter is 
so constructed that its response follows the 


1B. A. Kingsbury, Phys. Rev. 29, 588 (1927). 
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square law over the useful range so that the 
energy of the composite sound, weighted in 
accordance with the pure tone frequency response 
at either 70 db or 40 db, is what is measured. 

At its maximum sensitivity, the instrument 
can measure sound approximately 20 db above 
the threshold of audibility and sufficient attenu- 
ation is supplied so that any louder sounds which 
are encountered can be determined. The output 
of the microphone is fed to a two-stage amplifier 
and then to an attenuator which is calibrated in 
decibels. The zero level is 0.0005 bar at 1000 
cycles. This is followed by another tube and 
switching arrangement which permits transfer 
from 40 db to 70 db level. This is followed by 
another volume adjustment which permits the 
sensitivity of the whole system to be adjusted 
to some predetermined value. The final stage is 
followed by the vacuum tube detector and the 
switching arrangement which permits the am- 
plifier output to be carried to some external 
binding posts instead of to the detector for 
frequency analysis of the sound impressed, if 
such is desired. 

In order to calibrate the instrument, astandard 
sound is supplied which is placed at a predeter- 
mined distance in front of the microphone. This 
sound is generated by a pitch pipe actuated by 
constant air pressure. The constant air pressure 
is obtained by having a relatively heavy piston 
drop under the force of gravity in a cylinder in 
which the pitch pipe is an outlet. The pressure 
supplied to the pitch pipe is thus always equal 
to the superficial weight of the piston, since its 
weight is made sufficient so that friction en- 
countered in falling can be neglected. 

Along with the analysis of the bell tones, it 
was thought of general interest to measure the 
intensity of the bells in the tower and then to 
check the intensity at some location on the 
street in order to compare the outputs and to see 
how much of the sound was lost or absorbed in 
this particular tower. 

An inspection of the tower was made to locate 
the microphone of the noise meter so as to 
eliminate as much as possible standing and 
reflected waves. The microphone was set up 
about four feet from one corner of the tower 
pointing across to the other corner (Fig. 1) and 
on a level with the open louvers. The only 
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Fic. 1. Showing location of noise meter in bell tower. 


equipment necessary in the tower with the bells 
was the microphone and stand, thus eliminating 
any possibility of reflection from the rest of the 
noise meter equipment and operators. An 
enclosed stairway served handily for the meter 
box, battery box and the operators. 

The first test was to measure the intensity of 
the bells in decibels; at the moment of strike; 
ten, twenty and thirty seconds after strike; 
and the total time required for the putput of 
the bells to be attenuated to the surrounding 
noise level in the belfry. This test was made on 
two bells of each octave, namely, the F and Ep 
bells. Each bell was struck with approximately 
the same force from the clavier with both the 
hand and foot. The results of this test are listed 
in Table I. 

The second test was made with the noise 
meter set up outside of the church across the 
street at a most advantageous point to listen to 
the bells. The noise meter was about 160 feet 














TABLE I. 

Level Level Level Level Length|Level Level Length 

at (10 (20 (30 of time} at (S of time 

Bell |strike sec.) sec.) sec.) heard {strike sec.) heard 

In Tower In Street 

Fy 95 58 50 5 41.0 66 51 9.0 
Ebi 93 59 50 35.0 | 64 45 9.0 
Fe 94 52 45 — 29.0 | 63 42 7.0 
Ebz | 93 46 — — 17.0 | 65.5 50 6.0 
F3 90 45 -- -— 13.0 | 58 40 5.0 
*F, 76 _ —_ -—— 5.2 45 = 2.0 
*Eb,s | 74 -- — — 4.2 | 42 — 1.2 








* These are double bells. 
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Fic. 2. Showing location of noise meter in relation to tower. 


from the bells as shown by Fig. 2. The results of 
this test are shown in the second part of Table I. 

The bells are numbered as F;, F2 and so forth 
indicating the octaves. In other words, F; is the 
first octave or the lowest octave of the set, F» 
is in the second octave and so on. 

A set of curves (Figs. 3-6) has been made 
from the results as listed in Table I, showing the 
attenuation of the bells. It is rather surprising 
to note the amount of volume lost in the tower. 
Some of the bells in the upper octaves are just 
barely heard and if heavy traffic should be 
prevalent, the upper bells may not be heard 
distinctly. Fig. 3 shows the attenuation of the 
bells in the tower and Fig. 4 shows the attenu- 
ation in the street. 

There is a considerable difference in the attenu- 
ation, showing a loss of volume. To show this 
more advantageously Table II has been made up, 











TABLE II. 
Energy 
Sound flux Total Effi- 
Inten- pres- density Dis- acoustic ciency 
sity sure (micro- tance output (per- 
Bell (db) (bars) watts/cm?) (feet) (watts) cent) 
Fy 94 25.5 1.55 6 0.326 59.5 
63 0.72 0.0013 160 0.194 
Eb, 95 29.0 2.0 6 0.42 57.0 
64 0.81 0.0016 160 0.239 
F; 90 16.0 0.62 6 0.131 45.8 
58 0.42 0.0004 160 0.06 
Fy 76 3.4 0.027 6 0.00567 33.0 
45 0.09 0.00002 160 0.003 
Eb, 74 2.55 0.017 6 0.0035 41.8 
42 0.064 0. 160 0.0014 
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giving the acoustic watts of the bells from each 
point. In the determination of acoustic watts, 
the distance the sound travels is taken into con- 
sideration, so that the acoustic watts of any 
bell, calculated from data collected in the tower 
and in the street, may be directly compared. 
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Fic. 3. Approximate attenuation of bells in tower. 
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Fic. 4. Approximate attenuation of bells in street. 


In the calculations made to obtain acoustic 
watts shown in Table II and other tables, con- 
versions had to be made from decibels to terms 
which can be used numerically. Since some of 
the data are taken in terms of sound level above 
threshold of hearing for a normal ear, given in 
decibels, it is necessary to change this intensity 
in decibels to sound pressure in bars. Since the 
zero level in decibels equals 0.0005 bar pressure, 
the effective pressure corresponding to any 
reading is determined by the equation 


DB=20 logio P/0.0005 
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where P is bars pressure corresponding to inten- 
sity as expressed in decibels. The relation between 
pressure in bars and energy flux density per 
square centimeter per second is 


P=(JpoC)! 


where P is sound pressure in bars, po is density 
of air and C is the velocity of sound in air. Sub- 
stituting the values of p» and C for air, the 
equation becomes 


P=6.6(J)! when c.g.s. units are used 


where J is energy flux density in ergs per square 
centimeter per second. This energy flux density 
is then changed to microwatts per square cen- 
timeter by the ratio of 10 to 1. 

The equation for calculation of acoustic watts 
is then 


Acoustical output in watts 


=2.54X12X D X24X J/10° 


in which D is the distance in feet from the source 
of the sound to the point of reception. The 
(2.5412) changes feet to c.g.s. units and J is 
energy in microwatts per square centimeter.’ 
The percentage efficiency as listed in column 
five of Table II indicates the percent of the 
original volume of the bells which reaches the 
street at the point of observation, taking into 
consideration the distance from the bells. It will 
be noticed that this efficiency has dropped con- 
siderably for the higher bells. Some of this can 
be accounted for with a general loss of high 
frequencies, but such a large percentage loss 
cannot all be accounted for in this manner. 
Therefore, the tower and its structure enters 
into the absorption of these higher frequencies. 
In the construction of the bell mountings, the 
upper bells are placed in a pocket above the 
louver level, necessitating the output of these 
bells to travel downward before getting out of 
the tower. The loss involved reduces the value 
of the higher bells considerably because of more 
rapid attenuation and lower initial volume 
output due to small mass of these particular 


2Conversion tables and equations used taken from 
Acoustical and Electrical Power Requirements for Electrical 
Carillon by A. N. Curtiss and Irving Wolff, Proc. I. R. E., 
pp. 626-646, April (1932). 
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bells, as compared to the heavy bells. To improve 
the output of these upper bells, sound directors 
could be used which would increase the efficiency 
of the higher tones in reaching the outside of the 
tower. More space for louvers and better location 
of the higher bells would also help this condition. 

Many times, while bells are being played, an 
undertone has been noticed which is out of place 
and at times rather disconcerting. Sympathetic 
vibrations and other sources of vibration cause 
some of the bells to speak slightly, although 
they have not been struck with their clapper, 
The third test was for the determination of the 
volume output of this undertone compared to 
the volume output of the bells being played. 

The noise meter was set up the same as for 
test one. Three bells were struck rather hard 
and then were quickly damped by holding the 
clappers against the bow of the bells just struck 
for a period of five seconds and then measure- 
ments were made on the volume of the other 
bells which had been set in motion by sym- 
pathetic or other vibrations. The results of this 
test are shown in Table III. 

















TABLE III. 
Energy 
Sound flux Total 
Inten- pres- density Dis- acoustic 
sity sure (micro- tance output 
(db) (bars) watts/em*) (feet) (watts) Percent 
1 77 3.6 0.034 6 0.00714 
2 52 


0.2 0.0001 20 


0.000235 { 3.3 








Part 1 of Table III is the intensity of several 
bells five seconds after they have been struck 
and allowed to attenuate freely. Part 2 is the 
intensity of the agitation as found. Comparing 
Parts 1 and 2, the ‘“‘noise”’ created by the playing 
bells is 3.3 percent of the volume of the bells 
played five seconds after strike. The percentage 
is small, but the fact remains that this ‘‘noise” 
is present and may be strong enough in some 
passages of music to disturb those listening. To 
overcome such a possibility it may be advisable 
to use some damper arrangement on the bells 
of the lower octaves which are probably causing 
this agitation and which are the most sym- 
pathetic. Such a damper would work with the 
pedals of the clavier so that when the bell is 


rove 
Ctors 
ency 
f the 
ition 
tion, 
|, an 
lace 
1etic 
ause 
ugh 
per, 
the 
1 to 


for 
lard 

the 
uck 
ure- 
-her 
ym- 
this 


ge 


lo 


CHARACTER OF 


struck the damper is removed. After striking, 
4 small time delay is used before the damper is 
applied to the bell in order to give the bell its 
natural period of attenuation. . 

Concluding the tests on the efficiency and 
undertone of the bells, which were preliminary 
issues to the analysis of bell tones, it was thought 
the first move for such an analysis and one which 
would prove valuable in the location of the 
partials, was to make a complete attenuation 
curve of the F bell from the moment of strike 
until its output had reached the threshold of 
hearing in the tower. A preliminary run of this 
test showed that the meters for measuring this 
attenuation changed too rapidly for accurate 
recording. Therefore, a motion picture camera 
was used to take pictures of the meters during 
the test. The camera took pictures at the rate 
of eight frames per second. The noise meter is 
used as such in this test, and was set up only a 
few feet from the bell to be studied. After the 
motion picture was taken and the film developed, 
the picture was run back through a projector 
one frame at a time. From each frame the meters 
were read, including the time of the picture, 
taken from a stopwatch which was laid on the 
meter panel. The results of this test are shown 
in Fig. 5. (The data were recorded but because of 
their length they have been omitted.) This curve 
represents the attenuation of the F bell (345.3 
cycles). The curve has five distinct peaks and 
indications of several others. Each of these peaks 
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Fic. 5. Attenuation of bell after strike. F bell. 
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is caused by one of the harmonics or partials of 
the bell building up to maximum at different 
times after strike. The location and time of each 
of these peaks was used as a definite indication 
of when in the period of attenuation each of the 
partials might appear. Assuming that the higher 
partials build up and die more rapidly, which is 
logical, then these partials may be expected in 
the earlier periods of attenuation, and the lower 
partials expected in the latter period of attenu- 
ation. 

Several runs were made on two of the heavier 
bells. The pressure at strike was varied from one 
run to the other intentionally to see how the 
peaks adjusted themselves. It was found that 
these peaks would vary in time appearance 
depending on the initial intensity of the bell, 
up to the point of overloading of the bell caused 
by too hard a strike. 

To check these assumptions and to locate 
definitely each of the partials, another test was 
devised. For this test the noise meter is used as 
a microphone and amplifier, together with the 
General Radio oscillator and two-stage amplifier 
in a circuit as shown in Fig. 7. The F bell (345.3 
cycles) was used for this analysis in order to 
check with the previous test. The output of the 
bell is amplified through the noise meter am- 
plifier, to the two-stage anzplifier to the loud- 
speaker. The output of the fseneral Radio oscil- 
lator is coupled into this san§e amplifying system 
to the loudspeaker. This te@j for finding partials 
is much better than using {ning forks, because 
with the variable oscillatoffany frequency can 
be generated for use in sedfthing, while tuning 
forks are limited to fixed cofffmercial frequencies. 
Also, the intensity of the offput of the variable 
oscillator may be varied tofforrespond with the 
sound level of the bell uncf test. 

The variable oscillator waffused to beat against 
the output of the F bell toffind the various par- 
tials of the bell. A stopwat{fh was used to note 
when such a partial begat to beat with the 
oscillator, and when it stopjfed. It was previously 
known that each partial fippeared at a little 
different time after strike’ There were a great 
many more partials which were weak compared 
to the ones which are recorded in Table IV. In 

this test nothing was done to determine the 
intensity of each of these partials because of the 
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TABLE IV. 








Frequency Time in seconds 











Tones in cycles Begin Maximum End 
1 130 3 5 15 
2 160 2 5 10 
3 187 1.5 —- 8 
4 205 1.25 6 15 
5 215 i. — 6 
6 230 1. — 7 
7 280 0.5 3 
8 330 =. 3 5 
9 345 oP 4 5 
10 365 29 4 5 
11 385 25 2 4 
12 450 BP 2 4 
13 512 25 2 4 
14 570 2.0 4 5 
15 640 2.0 3 4 
16 675 0.25 — 2 
17 706 25 — 2 
18 750 25 — 2 
19 1060 25 LS 3 
20 29 — 1 


1125 











limitations of the equipment used. Each stronger 
partial was merely found and then timed. The 
maximum noted in the table is merely a notation 
of the time at which that particular harmonic 
seemed strongest to the ear. This test was made 
three times on this particular bell to check the 
frequencies and the length of time the partials 
appeared. The only variation in the through 
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Fic. 6. Frequency analysis of bell. F bell tuned to 345.3 ~. 
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tests was the time of appearance and disappear. 
ance of the listed partials. This was caused by 
the variation in the original intensity of the bel] 
when struck. This variation checked the vari- 
ation in the peaks of Fig. 5. The results differ 
from previous published work somewhat but the 
method of detecting these partials is new and 
probably gives a more complete analysis of the 
partials in the lower band of the scale. 

Numbering the partials as is done in Table IV 
is merely for convenience and does not indicate 
an octave rating in which partials sometimes 
appear. 

CONCLUSIONS 

There has always been a controversy in the 
judgment of the quality of bells because of the 
inharmonic partials which make up the complete 
tone. Errors have been made by several prom- 
inent musicians and physicists of the past in the 
correct determination of the octave partials in 
particular. 

The results of the last two tests of this paper 
emphasize the known peculiarities of bells 
because of the varying amplitude of the partials. 
At the present time bells are cast to certain 
definite shapes to contain the conventional 
partials, but no method to date has been devised 


7°00 








600 800 900 1000 


tloo 


FREQUENCY IN CYCLES 





€ar- 


1 by 


bell 
Vari- 
iffer 
> the 
and 
the 


e TV 
Cate 
mes 


the 
the 
lete 
Om- 
the 
$ in 


per 
ells 
als. 
‘ain 
nal 


sed 


CHARACTER OF 








: : it a E'S i 
SS —S eS ST TD 





Top ViEw 


Fic. 7. Showing set-up for tone analysis. 


to control the amplitude of these partials. For 
this reason some of the partials confuse the 
listener and cause the impression that the bells 
are out of tune. Fig. 5 shows how the overall 
volume of sound from a good bell in the lower 
octave does not decrease at any progressive rate 
but rather rises and falls at various stages. Each 
of these peaks is well defined and corresponds to 
the partials in the time areas of Fig. 6. 

Another interesting fact brought out by Fig. 6 
is that the predominate partials are not made 
up of one tone but several tones. An examination 
of the curve reveals the strike note has the fol- 
lowing tones at 330, 345 and 365 cycles. The 
hum note is made up of two tones, namely at 
160 and 187 cycles. The nominal is made up with 
two tones, namely 675 and 700 cycles. The tierce 
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or third has two tones and is found to be wider 
in difference between the tones. The fifth or 
quint is a single tone and was about the same 
intensity as the third. The upper third or tenth 
above for this bell was in such a jumble of tones, 
all of about the same amplitude, that it was not 
recorded. The upper fifth or twelfth above is 
made up with one tone at 1060 cycles. The other 
tones not accounted for belong in the spectrum 
of some partial, but were not strong enough to 
consider seriously. A list of the partials of this 
bell and the tones that make up these partials 
might help in the discussion. The frequencies in 
the third column of Table V are the pitch fre- 
quencies of the notes that should appear in the 
bell and should be close to the ratios as shown 
in column 1. The strike note of the bell (345.3 
cycles) was given by the John Taylor Company. 


TABLE V. Partials of F bell. 

















Frequency Tone 
Number Partial of note Note frequency 
1 Hum note 172.6 Fy 160 
187 
2 Strike note 345.3 F 330 
345 © 
365 
2.4 Third (tierce) 410.6 G# 385 
450 
3 Fifth (quint) 517.3 Cc 512 
4 Nominal 690.5 F 675 
700 
5 Upper third 870.0 A —- 
6 Upper fifth 1034.6 oC 1060 











From the above table it may be seen that the 
bell was tuned to one of the tones in the strike 
note. The only partials that come close to the 
idealized relation mentioned in the opening 
paragraph are the third and fifth. These two 
partials were also quite strong, although they 
only lasted four seconds. The third partial in 
particular bears further discussion because of its 
prominent position and amplitude. 

Bells in a chromatic scale have their strike 
notes in harmonic succession but their partials 
sometime make them sound out of tune. This is 
due to the presence of a third partial above the 
strike note and corresponding partials in the 
higher octaves. This third is usually a minor 
third in the bells of the middle and higher 
registers and gives the peculiar tone charac- 
teristic of the usual church bell and is not 
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strictly musical. If this third should become too 
strong, strict limitations are necessary in playing 
such bells in order to give pleasing effects. 

In the bell studied (F, 345.3 cycles), the third 
partial does not stand out over the strike note 
and also attenuates before the strike note. In 
this particular bell, and in the other bells of this 
octave, the third partial is not out of place. All 
of these bells in this octave have a very pleasant 
tone when played alone or when played in major 
and minor chords with other bells. 

With the bells of the upper octaves the attenu- 
ation curve does not have such peaks as that of 
the lower bells but has a more regular decrement 
of attenuation. The third partial is seldom ap- 
parent in an appreciable amount. This difference 
in tone is due to the change in the design of the 
bells. Large bells of the lower octave have a 
waist that is thin compared to the thickness of 
the sound bow, while the smaller bells have a 
thick waist. Another difference is the change of 
the ratio between the weight of the clapper to 
the weight of the bell. In the heavier bells, the 
ratio is approximately 1 to 100 and in smaller 
bells the ratio is approximately 1 to 10. These 
changes are made in an effort to keep the volume 
of the bells in any octave fairly constant over 
the chromatic scale. This means that the tones 
of a carillon are not the same throughout the 
scale, because the component tones of the various 
bells, even though properly tuned, differ con- 
siderably in amplitude. The poorest effect 
appears in the bells of the middle register where 
a compromise is struck in the design between 
that of the large and small bells. In these bells 
the third partial is stronger than in the higher 
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register and is not delayed after the strike as jp 
the bells of the lower octaves, but appears at the 
moment when the bell is played, which badly 
interferes with the tones of the other bells. 

In the preliminary inspection of the bells at 
Germantown, it was found that the bells of the 
middle register were not as pleasant as those of 
the higher and lower octaves. The lower and 
higher octaves also differed in tone quality but 
both were pleasing. To complete the scale a 
compromise design is used for the bells of the 
middle register and they do not sound as good 
as either of the end octaves. The bells of the 
lower octave are the most pleasing, which 
suggests that for a better tone quality for the 
entire chromatic scale, it might be advisable to 
use the design of the heavy bells throughout. 
With such a design the higher bells would lack 
volume because of the thin waist and light 
clapper. Rather than use two or three similar 
bells to increase the volume of one note, appro- 
priate architectural design of the tower and bell 
mountings together with proper electrical ampli- 
fication would improve the higher bells in volume 
without detracting any from their tone. Such a 
construction, together with amplification, would 
keep the best characters of bell tones homo- 
geneous throughout the scale, thus making 
possible the playing of every kind of music with 
high artistic results. 

The authors of this paper wish to thank Mr. 
Bernard R. Mausert, Carillonneur, and Rev. 
Dr. J. S. Ladd Thomas, the Pastor of the First 
Methodist Episcopal Church of Germantown, 
whose cooperation and help are greatly appre- 
ciated. 
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VOLUME V 


The Stretched Membrane Electrostatic Loudspeaker 


N. W. McLacuian, London, England 
(Received June 1, 1933) 


I. INTRODUCTION 


differential acting speaker of the stretched 

membrane type due to H. Vogt,':?* is 
shown schematically in Fig. 1. The circular 
aluminum alloy diaphragm 20 cm radius,** 1.6 
x10-° cm thick, mass 5 g is subjected to large 
radial tension, its fundamental frequency in 
vacuo being 310~ which is high for its diameter 
and thickness. A polarizing voltage of 1500 is 
applied between the membrane and each grid. 
The signal voltage goes across the grids whose 
actual separation varies from 3 mm at the 
center to 0.8 mm at the clamped edge. Trans- 
former output is shown in Fig. 1 but other well- 
known types can be adapted. The forces on the 
two sides of the membrane are proportional, 
respectively,’ to 


[(Ex+E/2)/(d—£)}? and [(Eo—E/2)/(d+é)? 


where Ey is the polarizing voltage and E the 
signal voltage, d and £ being assumed constant 
over the surface. The resultant force on the 
membrane varies as the difference between the 
above quantities, so 


f «[4Eo?/(d?— &)? [éd+(d?+2)E/2Eo] (1) 


where the term in E? is neglected since Eo>E. 
Let h=£/d and (1) becomes 


fx [4Eo2/d2(1—h2)2][h+(1+h2)E/2Eo]. (2) 


To obtain a linear relationship between f and E 
the conditions are, (1) (£/2E))(1+h*)>h or 
approximately E/2E,)>¢£/d since h?<1: (2) 11>?" 
as implied in (1), so d>&. Condition (1) means 





1H. Vogt, Elec. Tech. Zeits. 52, 1402 (1931). 

*H. Vogt, Zeits. f. tech. Physik 12, 632 (1931). 

*H. Vogt, technical data supplied to author, December 
31, 1932. 

38 The actual radius is 19 cm but 20 cm is more con- 
venient for calculation. 

‘W. Hahnle, Wissen. Veréff. Siemens-Konz. 11, 1 
(1932), 


that the signal voltage must be an appreciably 
greater proportion of the polarizing voltage than 
the amplitude is of the distance between the 
membrane and either grid. If the maximum 
value of E/2E, is taken as 1/6, ~ should not 
exceed d/20 say. The ratio E/2E must itself be 
limited to avoid the introduction of serious 
alien frequencies due to mechanical rectification 
as shown by Greaves, Kranz and Crozier.® 
Using these provisos, we obtain from (2) the 
linear relationship 


fx 2EoE/d?. (3) 


The foregoing rests on the assumption that the 
membrane moves with equal amplitude through- 
out, the force being uniformly distributed over 
its surface. Practical conditions differ in several 
respects: (1) the membrane is curved during 
vibration, (2) the distance between it and the 
grids increases from the edge inwards to allow ade- 
quate clearance at the center (see Fig. 2), so the 
driving force is not uniformly distributed over 
the surface; also the grids have slots or perfor- 
ations through which the sound can escape. 
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_ '500 volts 
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5V. Ford Greaves, F. W. Kranz and W. D. Crozier, 
P.I.R.E. 17, 1150 (1929). 
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Since the apparatus is too complex for rigorous 
treatment it will be replaced by a suitable 
model. Accordingly we take two uniformly 
spaced flat grids having circular perforations of 
small radius, the membrane being symmetrically 
situated between them. If the above conditions 
concerning E/2E, and £/d are maintained, the 
driving force will be substantially proportional to 
the signal voltage. The perforations are to be 
ignored and the force per unit area assumed 
constant on both sides of the membrane. To 
determine the actual force the Christoffel- 
Schwarz transformation can be employed in the 
manner adopted by S. Ballantine® in connection 
with a condenser microphone, if desired. Acous- 
tically the radiation will be regarded as that 
from a diaphragm open at both sides operating in 
an infinite flat baffle in free air. Because of 
focussing, the baffle is unnecessary above a 
frequency of 500~1.e., ka >1.9 where k=w/c and 
a is the membrane radius. 

Since the mass of the membrane per unit area 
is so small, its shape during vibration is doubtless 
modified by the air pressure. But the latter in 
itself at any point on the membrane depends 
upon the shape, so the interaction of these two 
dependent factors means that neither of them can 
be evaluated in a general way. Some idea 
of the complexity of this problem will be gained 
on perusal of a recent paper by the author’ 
where the acoustic and inertia pressures at any 
point on flexible disks of known deformation is 
evaluated. Moreover, as a first approximation we 
shall use the in vacuo shape of the membrane in 
treating resonant frequencies. 


6S. Ballantine, J. Acous. Soc. Am. 3, 319 (1932). 
7N. W. McLachlan, Phil. Mag. 14, 1012 (1932). 
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II. POWER AT RESONANT FREQUENCIES 


At a great distance from the membrane wher 
r>a the pressure p and particle velocity v are in 
phase, so the power per square centimeter js 
pu=p/pc. Thus the power passing through a 
hemispherical surface whose center is that of the 
membrane is (1/pc)f{ fp'dA taken over the 
hemisphere. Consider an annular zonal surface 
which subtends an angle 2¢ at the membrane 
center. The radius in its plane is 7 sin ¢@ and the 
width rd¢, so the superficial area is 


2rr sin @:-rdp=2rr’ sin ddd =dA. 


Thus the power passing through the hemi- 
spherical surface on both sides of the membrane 
becomes 


r/2 
W= rr*/pc) | p* sin odd. (4) 
0 


It can be shown that at a resonant frequency the 
sound pressure at any point Q distant r from the 
membrane (r>a), vibrating symmetrically in an 
infinite flat baffle, is 


“| 
r Lk,?—k? sin? $ 





p=p Jesrote sin @)Ji(kia) (5) 


where ¢ is the angular distance of Q from the 
membrane axis. For our present purpose k? sin’ ¢ 
can be neglected’ in comparison with k,’, since 


the fundamental is low (130~). Thus (5) 
degenerates to the form 


b=(B/r)Jo(ka sin 9), (6) 


where B=pioa?F, and F=J,(k,a)/kia. Substi- 
tuting the value of p from (6) in (4) we obtain 
47B? 1 wf 


pty (ka sin ) J o*(ka sin o)d¢. (7) 
pc ka 0 





W= 


Now the integrand of (7) can be written® 


co (2m—1)(2m—3)--+1 
3% (—1)™ 


m=0 2™(m !)3 





-(ka)?™+1 sin?” Ig, 


8 This would not hold if the fundamental frequency of 
the membrane were high. The condition is the c?>>r/p1, 
where 7 is the radial tension per unit length ard p; the 
mass per unit area of the membrane. 

9N. W. McLachlan, Ann. d. Physik 15, 440 (‘ -2). 
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ince 


n/2 2”-m! 
{ sin?’t+!1¢d¢ = ——_ ——_—_—— | 
Jo (2m+1)(2m—1)---1 


it follows that the power radiated from both sides 
of the membrane is 


47B?* (ka)?™ 
a ee 
pc m=0 (m!)?(2m+1) 


(ka)? (ka)* (ka)® 
-1w.Pl Se ee : +etc.| 
117.3 21.5 39.7 


(8) 


where W,=pa'tw*§:?/c, this being the power 
radiated from both sides of a rigid disk when 
kaz0.5. When ka>1.4 the sum of the series in 
(8) is substantially 1/(ka)*. Formula (8) gives W 
in terms of the r.m.s. central velocity £), whereas 
it is required in terms of f. We thus proceed to 
eliminate £. The driving force f and velocity £& 
are in phase over the entire surface at the gravest 
mode. At higher modes they are in phase on one 
side of a nodal line but in antiphase on the other. 
Consider an annulus of radius x and width dx. 
The power associated therewith is f-2rxdx 
-£o.Jo(kix), since 2xxdx is the area and £&)Jo(kix) 
is the velocity. For the whole diaphragm 


W= 2rféo f Jo( kix)xdx = 2 fA F (9) 
0 
where A = za? is the area of one side. 
From (9) the central velocity is 
£o= W/2fAF. (10) 


Substituting the value of £ from (10) in (8) we 
find that the power radiated is 


(fA)? (ka)* (ka)® 
= { (ea)? 


pcA iPS Zro 


W 











—etc. }. (11) 


When ka>1.4 the value of the bracketed 
series in (11) is almost unity, so (11) can be 
written 


W=(fA)?/pcA, (12) 
W/f?=A/pe, (13) 


which “3 independent of frequency. Thus when 
ka>1 the output at vibrational modes, in the 


or 
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absence of additional loss, is constant. Formula 
(12) represents twice the output from both sides 
of a massless rigid disk of equal radius with the 
membrane when ka >1.9 for the value of f. 


III. POWER AT NON-RESONANT FREQUENCIES 


Although the diaphragm shape during vi- 
bration might still be regarded as = £o[ Jo(Rix) 
—Jo(kia) ]/Jo(Rkia) the driving force is not in 
phase with the velocity since the mechanical 
impedance is now of the form z,.=r,+iwm,. The 
acoustic and inertia pressures over the surface 
vary in a complicated manner. It would be 
tedious to evaluate them for any specific fre- 
quency, so it is proposed to treat the problem in a 
simple way. From experimental work on flat 
circular disks and on cones, it is known that above 
the first mode the variations in m, are curbed 
considerably due to loss.'"** With a very light 
membrane there is no reason to doubt the 
validity of this statement. Accordingly above 
ka=1.9 the membrane will be simulated by a 
rigid disk of equal mass and radius in an infinite 
flat baffle. The power from both sides of the disk 


1S 


W= Er, = (fA /2-)*%- 
W/f? =(A/Ze)? te, (14) 


/ 


or 


where r,=resistance due to sound radiation, 
s7=r2+w?(5+m;)?, 5 g being the diaphragm 
mass and m; the accession to inertia. When 
ka>1.9 the resistance per unit area is sub- 
stantially equal to that of the medium," so 
’e=2pcA (both sides of disk), also’ m;= (2pcA /w) 
-(H,(2ka)/ka), where H, is Struve’s function of 
unit order.” 

Performing the requisite calculations the ratio 
W/f? is found and has been plotted in Fig. 3, 
curve 1. It is fairly constant up to 2000~ but 
decays thereafter. The lack of pronounced vari- 
ation in W/f? from 500 to 2000 ~ is due to r, being 
large compared with the mass reactance. At 
higher frequencies the latter becomes of greater 


10 N. W. McLachlan, Proc. Phys. Soc. (London) (a) 44, 
88 (1932); (b) 44, 546 (1932); (c) Wireless Engineer 8, 
540 (1931). 

1! Lord Rayleigh, Sound 2, 164 (1894). 

12 cH ,(z) is the same as Rayleigh’s (reference 11) K;,(z). 
H; gives greater generality and being tabulated in G. N. 
Watson's Bessel Functions it is preferable to use it. 
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importance so the amplitude and, therefore, the 
output is curbed. Curve 2 of Fig. 3° illustrates the 
output from an actual speaker. Naturally it 
shows greater fluctuations than curve 1, but 
apart from this its shape is of the same character 
as that of curve 2. An arbitrary datum of zero 
db at 1000~ has been chosen for both curves. 
Above 3000~ curve 2 decays more rapidly than 
curve 1, since in the latter case no allowance was 
made for (a) inherent mechanical loss which 
increases with frequency; (b) reduction in voltage 
across the speaker due to fall in reactance 
1/wCo relative to the remainder of the output 
circuit.® 


IV. COMPARISON OF POWER AT RESONANT AND 
NON-RESONANT FREQUENCIES 


When ka>1.9 the power ratio for constant 
driving force is that of formulae (13) and (14), 
namely, 


g=s,?/pcAr.=2s,?/1,%, (15) 


since r,=2pcA. Substituting the value of z,? from 
Section III, in (15) we obtain 


g = 2[1+ (w?/r.?)(5+m;)* ]. (16) 


From 500 to 1000~¢ is nearly 2 but increases 
with rise in frequency because of mass reactance. 
At the gravest mode (130~)ka=0.5 and W is 
4.3 times its value when ka>1.4."% Thus ¢ is 
8.6, but in practice the electrodes are specially 


18 This is due to the radiation resistance being lower 
for ka=0.5 than for ka=1.4. At resonance W = (force)?/r,, 
and since the force is constant W increases with decrease 
in Te 
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shaped to cause large damping at the center of 
the diaphragm which yields an output of the 
same order as that at higher modes, as shown jn 
curve 2, Fig. 3.* It is only to be expected that the 
output at resonant frequencies exceeds the 
value at intervening points. 


V. INFLUENCE OF ACCESSION TO INERTIA 


The natural mass of the diaphragm being very 
small is only a fraction of the accession to inertia 
at low frequencies. Consequently the frequency 
of the gravest mode is reduced appreciably. In a 
recent paper m; of a membrane at its gravest 
mode was shown to be 1.625pa* for a dynamic 
deformation curve £ = £o(1—x?/a’). To determine 
the vibrational frequency in air, m, the equivalent 
mass of the membrane must be introduced. This 
quantity is defined as the mass which concen- 
trated at the center of diaphragm, and moving 
with the central velocity, possesses the same 
kinetic energy as the whole diaphragm. It is 
obviously always positive. 

By hypothesis the deformation curve in vacuo 
is maintained in air, so V, the potential energy of 
deformation, is identical in both cases. Thus at a 
vibrational mode where the kinetic and potential 
energies are equal 


T = V= 3wo7fo?(mat+m,) in air, and 


= 5w,*£o?m, in vacuo. 
Hence 
wo/w,=[1/(1-+m;/m,) }} (17) 


where wo/2r and w,/2m are, respectively, the 
frequencies in air and in vacuo. With an infinite 
baffle m; is approximately twice its value at 
130~ for a finite baffle as used in practice. Thus 
m;+=0.81pa*=7.8 g. Also for the specified de- 
formation curve m, is 3 its natural mass = 1.67 g. 
So from (17) wo/w, = 0.42. By experiment wo/27 in 
air being 130~, in vacuo it is 310~. With an 
infinite baffle in air wo/27 is 100 ~~. Calculation of 
the higher modes in air is a somewhat protracted 
process and will not be pursued here. Because of 
reduction in m; with rise in frequency, the modes 
tend to their in vacuo values. These are 310, 710, 
1110, 1520, 1930~ and so on at intervals of 
approximately 400~. Accordingly at higher 
frequencies there are several modes per octave. 
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VI. NUMERICAL EXAMPLE 


If E is the r.m.s. signal voltage applied across 
the outer grids as shown in Fig. 1, the force on 
the diaphragm, neglecting perforations, is fA 
=EE,A /4rd*, where d is the uniform distance 
between the membrane and either grid. Taking 
a=20 cm, d=1.2 mm, E=300 volts, Eo= 1500 
volts, the total force driving the membrane is 
fA=2.5X10* dynes. At this juncture we can 
profitably pause to compute the force acting ona 
moving coil hornless speaker where the gap 
density is 8000 lines cm~’, coil 100 turns 5 cm 
mean diameter, coil resistance 10 ohms, power 
valve resistance 1600 ohms. The force for 50 
volts r.m.s. change on the valve anode at 130~, 
where the coil reactance can be ignored, is 
2.25 X 10® dynes, i.e., nine times the above value 
for the electrostatic speaker. 

For the latter ka=0.5 at 130~, so (11) gives 
W=4.3(fA)*?/pcA =0.01 watt. Also from (9) the 
central amplitude is 


Emax = W/2}wfA F=0.11 mm. (18) 


This amplitude at 130~ corresponds to the use 
of an infinite baffle’ but without grid damping of 
the membrane. As shown in Section IV, the 
actual power is approximately 1/4.3 that just 
calculated, so the normal £, ax is 0.05 mm. It is 
important to notice that if the separation d were 
reduced from 1.2 to 0.5 mm the increased driving 
force would cause an amplitude of 0.3 mm. It 
might be inferred that the criterion E/2E.>£&/d 





4 Barring mechanical loss the amplitude with a baffle 
is less than without it at a resonant frequency, since in 
the latter case the mechanical resistance is smaller. See 
footnote 13. 
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or Ed/2E,é>1 of Section I is violated, thereby 
introducing alien frequencies in the output. It 
must be remembered, however, that in practice 
the membrane is curved, whereas the above 
criterion refers to equal amplitude throughout. 
For equal power in the latter case the amplitudes 
corresponding to d=1.2 mm, 0.5 mm are, 
respectively, 0.024 mm, 0.14 mm, giving criteria 
5 and 0.36. The former figure is satisfactory but 
the latter involves serious distortion. Because of 
increase in f with decrease in d, the amplitude is 
enhanced. Thus Ed/2E é decreases and there is a 
minimum permissible value of d, however small 
the signal voltage may be, to avoid distortion. 
Hence the greater the sensitivity, i.e., the force 
per unit signal voltage, the smaller the permis- 
sible amplitude and power output before serious 
distortion occurs. In practice the radiation, 
inherent loss and grid damping are adequate to 
make the nodal circles positions of minimum 
amplitude.'°° Consequently, the shape of the 
diaphragm alters progressively throughout a 
cycle, so the minimum d and maximum £ are best 
found experimentally. Obviously because of 
inequality of — over the membrane, the central 
value can exceed that found from the above 
distortion criterion. 

The preceding argument and numerical data 
reveal the limitation of the electrostatic loud- 
speaker concomitant with the square law f 
« (E/d)*. It is not generally realized that the 
restriction of signal voltage is of less importance 
than that of amplitude. For large power output 
the obvious escape from this difficulty is to 
augment the area in vibration by using a 
plurality of units as in the Kyle speaker.” 


6 C, Kyle, U. S. Patent 1,644,387. 
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VOLUME y 


Sound Absorption in Non-Reactive Gas Mixtures.—A Correction 


(J. Acous. Soc. Am. 4, 284, 1933) 


On page 286, in the title of Table I replace “602” by ‘612.” In Table I 
under the column headed A X 10* replace £1320” by “712.” 


REED LAWLOR 


Book Review 


Elements of Engineering Acoustics. L. E. C. 


HuGueEs. (City and Guilds 


Engineering College, London), Pp. 159+xi, Ernest Benn, Limited, London. 


This book is based on a series of articles pub- 
lished by the author in 1931 under the title of 
Engineering Acoustics in the Electrician. It gives 
primarily a description of the technical concep- 
tions that enter into the design and operation 
of the microphones, amplifiers and reproducers of 
present day sound reproducing systems. The 
author discusses in a clear way the problems that 
arise, the limitations that are imposed, and the 
compromises that are made in the practical de- 
sign and operation of sound systems. For the 
most part the use of mathematical analysis is 
avoided. 

The book deals with methods of sound meas- 
urement, the properties of various types of micro- 
phones and reproducers, and the characteristics 
of amplifiers. A generous portion of the book is 


devoted to the more subtle factors in sound re- 
production which affect the quality of the repro- 
duced sound as perceived by the listener. These 
include the directional characteristics of micro- 
phones and reproducers, the acoustic properties 
of the rooms in which they are located, and the 
nature of hearing. In discussing these factors the 
author introduces the concept of acoustic ratio, 
which he defines as the ratio of direct to rever- 
berant sound intensity. 

The book should be useful to the engineer who 
wishes to acquaint himself with the acoustic 
requirements of sound systems and their com- 
ponent parts. 

J. C. STEINBERG 
Bell Telephone Laboratories 
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